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T has long been known that the numerical This is particularly true for lower frequencies. ! 

values obtained by reverberation methods of Accordingly, in reporting the results of reverbera- 7 
measurement of what should properly be called tion measurements for commercial use, the par- 
the “reverberation coefficients’ of a material do ticular mode of mounting the test sample is . 
not pertain solely to the physical properties of carefully specified. 
the material. Measurements made in 1922 in the Still further, it appeared as a result of measure- 
Riverbank Sound Chamber using impact sounds, ments on presumably identical materials in 
showed that the effect per unit area of an ab- different reverberation chambers that the ‘‘re- i 
sorbent material on the rate of decay isafunction verberation coefficient’? depends also upon the 
of the area of the material, the now well-known volume of the chamber, and that lower values 
“area effect,” and it appeared that the apparent result from measurements on equal areas in 


} absorbing efficiency per unit area decreased in smaller rooms.** More recently, comparison of 
the rate of 1.00 to 0.62 when the absorbing area results obtained in reverberation chambers of 
was increased from 1 to 10 square meters.! The nearly equal volumes (10,000 to 15,000) on equal ! 


same effect was noted with musical tones as the area samples of the same commercial materials 
sources of sound, and has since been confirmed Show a very fair measure of congruence for 
by numerous observers.? This effect has properly frequencies of 512 cycles and higher but con- 
been explained in terms of the wave theory of siderable disparity at lower frequencies.° 
reverberation as caused by diffraction, or in Finally, it has been observed that the behavior 
terms of normal modes as caused by distortion °f sound in reverberation chambers departs from 
of the sound field by the presence of the ab- the strictly logarithmic decay predicted on the 
sorbent area. free wave theory when all or a large proportion 
As a practical matter, it has aleo been well of one of the bounding surfaces is covered with an 


: nig ‘ absorbent material.” ® 
known that the absorbing efficiency of a given “050PVEM! = 


material depen een ing. *F. R. Watson, J. Acous. Soc. Am. 6, 54 (1934). 
epends upon the method of mounting 4 Morris, Nixon and Parkinson, J. Acous. Soc. Am. 9, 

76 (1937). 

'P. E. Sabine, Am. Architect, June 7, 1922. 5 P. E. Sabine, J. Acous. Soc. Am. 11, 41 (1939). 

* Nat. Bur. Stand., research paper, R.P. 700. 6, V. Hunt, J. Acous. Soc. Am. 11, 80 (1939). 
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TABLE I. 








COEFFICIENTS 





SAMPLE 128 256 | 512 | 1024 | 2048 4096 CYCLES 
A 0.091 | 0.241 | 0.795 | 0.902 | 0.608 0.523 
B 110} .260] .799| .933]| .632 515 
e 117] .254| .812| 918] .59: 504 








In view of these facts, it has recently been 
proposed to consider the problem of reverbera- 
tion in rooms by the theoretically more rigorous 
method of the normal modes of vibration of a 
three-dimensional continuum bounded by sur- 
faces which are more or less sound absorbing. 
It appears that in treating the problem from this 
point of view, the normal acoustic impedance, the 
ratio of pressure to air particle velocity normal 
to the surface at the surface of the material is 
the quantity with which we are most concerned. 
Up to the present time, it has been assumed that 
this quantity is a function of the material only 
and the frequency of the sound, and is inde- 
pendent of the angle of incidence. On these 
assumptions, it has been shown that R, the 
fraction of the sound energy incident at the angle 
6 of a free plane wave reflected from infinite 
surface is given by the equation 


|Zo pc COS @—1)/* 
R= 
'Zo/pc cos 0+1 


’ 


where Zo is the normal acoustic impedance at 
the surface and pc=42, the acoustic resistance 
of the air.’ 

At the meeting of the Sectional Committee on 
Acoustical Measurements and Terminology held 
in Washington, May 1, 1940, the Committee on 
Sound Insulation and Sound Absorption Meas- 
urements reported as follows: ‘‘New experiments 
in progress during the past few years indicate 
that the solution of the determination of the 
sound absorption of materials and the distribu- 
tion of these materials in rooms to obtain pre- 
scribed sound decay may probably be found 
through measurement and application of the 
normal specific acoustic impedance.’ Review of 
the recent rather extensive literature on the 


subject leads one to question whether the 


7P. M. Morse, J. Acous. Soc. Am. 11, 57 (1939). 
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optimism expressed in the foregoing is wholly 
warranted by the results so far obtained in the 
way of applying these results to the practical 
problems of room acoustics. Thus it appears 
that, in the extremely simple case of a rectangular 
room with one surface completely covered with 
a highly absorbent material, the diffusing action 
of even small objects ‘‘such as the loudspeaker 
baffle, the microphone boom, door jamb, lights, 
etc.”’ militate seriously against the prediction of 
the decay of sound intensity by the use of 
measured values of the acoustical impedances in 
the normal mode theory. Very slight departures 
from exact rectilinearity also, we are told, will 
occasion wide discrepancy between theoretically 
predicted and actually measured decay rates.’ 
It seems obvious that, in the present state of 
knowledge, the uncertainties inherent in current 
methods of measuring 


coeth 
cients” in reverberation chambers, and applying 
these coefficients to the practical problems of 
reverberation control and quieting, will not be 
eliminated by the substitution of impedance 
measurements for present absorption measure- 


‘‘reverberation 


ments. Diffusion and nonrectilinearity are always 
present in any practical case, and it would seem 
that to add the uncertainty in the correct applica- 
tion of impedance values to the problem of the 
sound decay, would, as a matter of routine 
testing of material, only take us from “‘the frying 
pan into the fire.” 

In order to evaluate the present discomfort of 
the “frying pan,’’ comparison measurements on 
identical samples have been made in_ three 
reverberation chambers of comparable size, 
namely, the National Bureau of Standards, the 
Johns-Manville Laboratory and the Riverbank 
Laboratory. The test conditions in each of the 
three are described as follows: 

National Bureau of Standards.—Chamber, 
253020 feet; volume, 15,000 cu. ft. Sound 
source, two 12-inch speakers mounted on vanes, 
rotated six times per minute. Four-microphone 
pick-up, each with one-stage amplifier, feeding 
through a commutating device to two-stage 
amplifier to Neuman high speed level recorder. 
Warble band width 20 cycles at 128, 25 cycles at 
256, and pure tone at other frequencies. Decay 


8. L. Beranek, J. Acous. Soc. Am. 12, 14 (1940). 
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curve 50-55 decibels at 128 cycles, 70 decibels at 
other frequencies. Decay rate determined from 
the average of 10 decay curves at each frequency. 

Johns-Manville. Chamber is irregular in 
shape, no two bounding surfaces being parallel. 
The average dimensions are 21X23X24 feet, 
giving a volume of 11,660 cu ft. The loud- 
speaker source is mounted on a pendulum sus- 
pended from the ceiling which swings over an 
arc of 10 feet. A single pick-up microphone is 
mounted on a bar extending out from the same 
pendulum. The decay is recorded by a high speed 
level recorder, and the rate of decay over a 40- 
decibel range is taken from these records. The 
test sample is placed in a depression of the floor, 
8 feet square and 4 inches deep. Warble tones are 
used, the warble band being +20 cycles for 
frequencies of 128 to 512 cycles, and +50 cycles 
for frequencies above 512 cycles. The decay 
curves in the comparison tests were quite uni- 
form and closely linear. 

Riverbank Laboratory.—Chamber, 27 X19X19.8 
feet; volume, 10,100 cu. ft. Stationary source is 
a 12” Jensen loudspeaker for frequencies up to 
2000 cycles, and Jensen model Q high frequency 
speaker for frequencies above 2000 cycles. Pick- 
up microphone is mounted on steel vanes, rotated 
once in two minutes. Warble tones are used with 
warble band of +20 cycles at all frequencies and 
warble frequency of 6 per second. Decay rate 
over 40 decibels is measured by constant pick-up- 
variable initial intensity method with automatic 
electrical timing of decay. Decay curves plotted 
from average of 50 timings of decay in steps of 10 
decibels from each of five initial levels. Average 
experimental deviations from straight line decay 
+0.035 sec. at 128 cycles, +0.01 second and /or 
less at higher frequencies. 

Three 72-square foot samples taken from the 
same lot kindly supplied by the manufacturer of 
a widely used commercial material were prepared 
by cementing 12/12’ 43” tile to 2?” plaster- 
board. Each of these samples was tested in the 
Riverbank chamber. The measured values of the 
reverberation coefficients obtained in the River- 
bank chamber were as shown in Table I. Sample 
B was then shipped to the Johns-Manville 
laboratory and Sample C was shipped to the 
National Bureau of Standards. 

The measured values of the coefficients ob- 
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tained in the three laboratories are given in 
Table Il. While the agreement is not as close 
as might be desired, yet in view of the inherent 
inaccuracies in determining the precise slopes of 
decay curves, with the resulting large deviations 
in the values of the absorption coefficients com- 
puted therefrom, it is the writer’s opinion that 
the differences shown at 512 cycles and higher are 
not too great to be ascribed to differences in the 
technique of measurement. Thus, for example, 
in the Riverbank chamber, a variation of 2 
percent in the determinations of the rates of 
decay of sound in the empty room and with the 
sample present, would be sufficient to shift the 
computed value of the coefficient from 0.81 to 
0.865 at 512 cycles. At higher frequencies this 
degree of uncertainty in measurement would 
result in a considerably greater variation in the 
computed value of the coefficients. Thus, to 
achieve a certainty of 0.50+0.04 at 4096 cycle, 
one must achieve a precision of less than 0.01 
sec. in determining the total time for a 40- 
decibel decay at 4096 cycles.* 

At frequencies of 250 cycles and lower, the 
data indicate that different normal modes of 
vibration in different rooms affect the measured 
values of the reverberation coefficients. The 
differences at 256 cycles between the Riverbank 
figures and the National Bureau of Standards 
and Johns-Manville figures appear greater than 
can be accounted for by errors of measurement. 
It is planned to carry the investigations further 
along this line. 


TABLE II. Values of reverberation coefficients obtained by 
measurements on identical samples in different 





chambers. 
5; — —————— 
SAMPLE B SAMPLE C 
Jouns- | RIVER- | Nat. Bur. | RIVER- 
LAB. MANVILLE BANK | OF STAND. BANK 
128 0.17 0.11 | 0.13 0.12 
256 32 .26 32 aa 
512 .90 .80 .84 81 
1024 .84 .93 .87 92 
2048 54 .63 57 .59 
4096 39 51 A9 51 





* A sample from the same lot of material was sent to Dr. 
Leo Beranek at Harvard. From his measured values of the 
acoustical impedances, the absorption coefficients com- 
puted as in Table V were as follows: 


FREQUENCY 128 256 51 1024 2048 


? 
( coefficient 0.20 0.36 0.74 0.81 0.76 
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TABLE III. 





128 | 256 


uw 
i) 


1024 2048 





FREQUENCY ij ‘Ges Fi 
| C¥| Mt| C | M Cc iz G M G a 
Celotex C-413” (0.13 |0.37 |0.35 |0.43 |0.82 |0.98 0.84 0.79 |0.54 | 0. 
Celotex BBB 13” 10} .19| .25| .41] .66] .91] .97] .92] .72] .8¢ 
Permacoustic 1” -13| .21| .38| .47] .68| .74| .83] .72| .67]| .75 





_ 
| 


ow 
on 


n 














Acoustex }”” .05| .24] .10| .29] .30| .60] .77] .95] .92] .83 
Spongeacoustic §’’"| .04| .10] .06| .22] .33] .80| .89| .89| .85| .76 
Fibracoustic 1” 316} 171 36) 43) 34! .79) .72) 93) 13) «79 
Acoustone D 3” .09} .19] .23] .39]| .59| .66] .84] .78] .83] .65 
Quietone 1” | 13] .30] .33| .52] .66| .73| .84] .82| .89] .75 
Average 0] 221 .261 39) 551.77) 84] BS) tz] 3a 


| 


























* Under C, are the values of absorption coefficients computed from 
Ea. (2). 
+ Under M, are the measured values. 


It is next of interest to see what, if any, correla- 
tion is possible between the “reverberation 
coefficients’”’ and the theoretical values deduced 
from tube measurements of the normal acoustical 
impedance. The former are based on the assump- 
tion of a diffuse distribution of sound energy and 
random incidence at the surface of the absorbent 
material. On this assumption, Morse gives as the 
average acoustical impedance in the direction of 
the wave, one-half the acoustic impedance at 
normal incidence.® Beranek’s measurements show 
that under tube conditions Z,) has an imaginary 
component for all the commercial materials 
tested. He suggests the more general form 
|Zo/pc cos @—1)? 

ed a 8 (1) 
|\Z/pc cos 0+1| 


a=1-— 


which he states is valid only for small absorptions 
and does not apply to the problem of grazing 
incidence. 

Beranek gives impedance curves for 15 differ- 
ent commercial materials. The A. M. A. re- 
verberation coefficients of 11 of these have been 
published. Of these 11, eight are highly porous 
materials whose absorptivities may be assumed 
to be relatively independent of the method of 
mounting. The attempted correlation between 
values of the reverberation coefficients as com- 
puted from impedance data and the A. M. A. 
measured values will be confined to these eight 
materials. 

If we assume a completely diffuse state as 
existing in the latter, we may set cos @ (mean 


oP. M. 
1936). 


Morse, Vibration and Sound (McGraw-Hill, 


rAUL E. 


SABINE 


value) 0.5 and we have 


2R/pc 
(R/2pc+1)?+(X /2pc): 


a= 


2 | 


(2) 


In Table III, are shown the values of & com. 
puted from Eq. (2) and the A. M. A. values, 
We note that at 1024 and 2048 cycles, while the 
individual values vary widely, yet the average 
values for the eight materials agree very closely. 
At frequencies below 1024 cycles, there is no 
agreement between the measured and computed 
values. At these lower frequencies, computations, 
assuming normal incidence (cos @=1) depart 
even further from the measured A. M. A. 
coefficients. 

It should be noted that close agreement be- 
tween computed and measured values is not to 
be expected in case of any single material, 
Beranek’s measurements were made in a tube 3 
inches in diameter, and apparently were not 
repeated with different test specimens of the 
same material. The A. M. A. coefficients purport 
to be the average for 72 square-foot samples. 
The writer’s experience with small scale com- 
parisons of sound absorption by commercial 
materials, justifies the statement that large 
differences of absorptivity may and do occur 
between small units of ostensibly the same 
material. Slight variation in thickness and 
porosity (flow resistance) in individual small 
samples of commercial materials cause appre- 
ciable variations in small scale absorption meas- 
urements and we may well assume that this will 
be true in impedance measurements. Hence, the 
criterion of agreement is to be found in the 


TABLE IV. 





128 256 | 512 


| 


1024 | 2048 





| 
| | 
FREQUENCY C*|Mt| C|M|C|M|C\|M)C\|M 


Celotex C-413”  |0.47 |0.37 |0.71 |0.43 |0.94 |0.98 |0.93 |0.79 |0.79 | 0.57 
Celotex BBB 1}” -51| .19] .75| .41] .98] .91] .99| .92]| .89] 80 


Permacoustic 1” .44| .21] .66| .47| .80] .74| .80] .72| .86| .75 
Acoustex j]”” | 33] .24| .51] .29] .79| .60] .94 95] .99| .83 
Spongeacoustic §”|} .31] .10] .52| .22] .78] .80] .81| .89| .88) .76 
Fibracoustic 1” .37| .17] .68| .43] .75] .79| .74] .93| .74) .79 
Acoustone D 3” .36| .19] .58| .39] .78] .66| .87] .78| .85| .65 


Quietone 1” .47| .30| .70| .52] .84| .73| .94| .82] .95] .75 











Average 41] .22] .64] .39] .83] .77] .87 
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* Under C, are the values of absorption coefficients computed from 
Eq. (3). 
+ Under M, are the measured values. 
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average Values for a number of materials, rather 
than in values for single materials. 

Implicit in the use of Eq. (2) is the physical 
assumption that the imaginary term of the 
complex acoustical impedance represents a non- 
dissipative portion of the reaction between the 
alternating sound pressure and the reflecting 
surface. Without attempting a critical analysis of 
the deduction of the complex impedance from 
the fundamental measurements of the pressure- 
length resonance curve and the variation in 
resonant length of Beranek’s tube method, it is 
of interest to see what we get if we follow Hunt 
in an earlier paper and assume that in the case 
of dissipation of sound energy at the walls of a 
room, the impedance may be represented as real 
with a value of (R?+X?)! where R and X are the 
real and imaginary parts of the tube impedance. 
No theoretical justification is offered for this 
procedure. On this assumption, Eq. (1) takes 


the form 
|Zo/pc|cos @—1\2 
eel ore i 
Zo/pc cos 6+1 
Assuming the average value of cos 6=0.5 as 
above, we have 





(R?+X?)!/2—pc\? 


(ex) 
—~+ pc 


(3) 


a=1-— 
2 


In Table IV, values computed by Eq. (3) are 
compared with the A. M. A. values for the eight 
materials, and we note a fair agreement of the 
averages at the three higher frequencies, but 
failure at 128 and 256 cycles. In the latter case, 
however, we find that if we assume that the first 
40 decibels of the decay curve represent the 
dissipation of energy in those normal modes 
which are perpendicular (nongrazing) to the 
absorbing surface, and assume an average value 
of cos @2=1, the computed and measured values 
are in excellent agreement. 

One may draw the obvious, though by no 
means necessary conclusion, that if we treat the 
acoustical impedance of a material as real under 
room conditions and equal to the vector sum of 
the real and imaginary components given by 
tube measurements, then the conditions under 
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TABLE V. 





c* Mt| Ci MICti Mi Ci MICIM 
FREQUENCY (4) |} (4) (5) (5) (5) 





Celotex C-414” = |0.28 |0.37 |0.45 |0.43 |0.88 |0.98 |0.86 |0.79 |0.60 | 0.57 
Celotex BBB 14” | .30| .19| .49| .41| .96] .91| .99| .92] .81]| .86 
Permacoustic 1” -25| .21] .42| .47| .72| .74] .72] .72 Pr 
Acoustex j’” -17| .24] .30| .29| .70|] .60|} .96| .95] .99| .83 
Spongeacoustic §”| .16| .10) .31| .22| .69| .80| .90| .89]| .80| .76 








Fibracoustic 1” -20| .17| .43| .43| .66| .79| .63| .93]| .63]| .79 
Acoustone D }”” -19/ .19| .35| .39| .69] .66| .78| .78| .77| .65 
Quietone 1” -27| .30 | 44) .52] .75| .73| .72| .82| .88] .75 

- = " | as —— 
































Average 22 22| 40| .39| .76| .77| .82| .85| .78| .74 











(R2+X2)} —pc\2 
(REEXIA + pc) i 

0.63 (R2-+X2)t —pc\? 
0.63(R?+X944 pc) 


* C (4) computed by Eq. (4) an =1 ~{ 





+ C (5) computed by Eq. (5) aama =1 —( 


¢ M, measured. 


which A. M. A. measurements are made approxi- 
mate diffuse distribution and random incidence 
for frequencies as high as 512 cycles, and normal 
incidence for frequencies of 256 cycles and lower. 

Looking at these conditions, we find that the 
diffusing agents in the Riverbank chamber are 
more effective in the horizontal than in the 
vertical planes. The steel vanes, rotating about a 
vertical axis produce relatively less diffusion of 
waves traveling in the vertical direction. The 
vertical cylindrical pillars, only one foot in 
diameter, have little diffusing effect on the low 
frequencies, and also have more effect in the 
horizontal than in vertical planes. We should, 
therefore, expect that instead of a value of 0.5 
for the average cosine of the angle at random 
incidence, we should have a somewhat greater 
value for these conditions. 

By a bit of trial and error computing, we can 
arrive at an empirical mean value of cos @ that 
will give a closer agreement between the average 
values of the coefficients as computed from 
acoustical impedance data and those measured 
by the reverberation method under the condi- 
tions in the Riverbank chamber. Carrying out 
these computations, we find that a value of 
cos 6=0.63 leads to an excellent agreement in 
the averages, although still showing wide dis- 
crepancies in individual cases. In Table V, this 
comparison is made, assuming normal incidence 
at the two lower frequencies and a mean value 
0.63 for cos 0, corresponding to an average angle 
of incidence of 51°. 

It appears, therefore, that in general, an em- 
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pirical correlation can be affected between the 
results of acoustical impedance measurements 
and reverberation chamber measurements by 
treating the former as a real quantity equal to 
the vector sum of the real and imaginary com- 
ponents, and assigning an experimentally deter- 
mined value to the average cosine of the angle 
of incidence. For rooms with volumes between 
10,000 and 15,000 cubic feet, this value will 
have approximate unity at lower frequencies, but 
will depend measurably upon particular room 
conditions. At higher frequencies, it approxi- 
mates the value of 0.5, but is affected by the 
degree of diffusion that is attained. 

Since the foregoing was written, a paper on 
the same subject by Morse has appeared.!® His 
mathematically more rigorous treatment leads 
to a much more complicated relation between @ 
and the acoustical impedance, but he arrives at 
the same qualitative conclusion as stated above. 
Quantitative agreement between computed and 
measured values is, however, in individual cases 
little, if any, better than are those based on the 
possibly less defensible assumptions of the 
present paper. However, as has already been 
noted, a commercial absorbent is by no means a 
uniform homogeneous material as regards the 
physical properties which govern its acoustical 
absorptivity, so that anything more than approxi- 
mate agreement is not to be expected in any 
specific case. 

Apropos of the discrepancy which Morse finds 
between his theory and the measured rate of 
decay at 4000 cycles, it should be remarked that 
atmospheric absorption is an important, and 
possibly the predominating, factor in the dissipa- 


10P, M. Morse, J. Acous. Soc. Am. 12, 217 (1940). 
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tion of sound energy of this frequency. It would 
seem to be quite probable that explanation is to 
be found in this fact, rather than in the possible 
diffusion caused by cquipment in the room, 
The experimental curve of Fig. 5 in Morse’s 
paper suggests the possibility that atmospheric 
absorption at 4000 cycles may be a function of 
the intensity. 

Summarizing, it may be said (1) that the 
reverberation measurements on identical samples 
in large chambers, volume 10,000 to 15,000 cu ft.. 
show agreement within the limits of errors of 
measurement for frequencies between 512 and 
2048 inclusive, while at frequencies of 256 cycles 
and lower, measured values are affected by 
individual room conditions. 

(2) That correlation between acoustical im- 
pedance measurements and reverberation meas- 
urements can on the average be effected by 
using the absolute value of the impedance as a 
real quantity, and assigning an experimentall 
determined value to the average value of the 
cosine of the angle of incidence in a given 
room. 

(3) That in a large reverberation chamber, the 
measured reverberation coefficients approximate 
the absorptivity at normal incidence for fre- 
quencies below 256 cycles, and at frequencies of 
512 cycles and higher, the coefficients approxi- 
mate the absorptivity for random incidence. 

(4) That, while treatment of the problem of 
sound absorption from the acoustical impedance 
point of view throws welcome and much needed 
light on the physics of the process, yet in the 
present state of knowledge, it does not materially 
increase our certainty in predicting the behavior 
of sound in rooms in practical cases over that 
which is to be had by the older approach. 
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The Absorption of Strips, Effects of Width and Location 


L. G. RAMER 
Riverbank Laboratories, Geneva, Illinois 


(Received December 7, 1940) 


INTRODUCTION 


ATHEMATICAL treatment of the varia- 
M tions of absorption of strips of absorbent 
material with strip width has been presented 
through the medium of the Journal of the 
Acoustical Society of America by Mr. Pellam,! 
with a later verification by Pellam and Bolt.* 

The conclusions of these two papers indicate 
that for plane waves whose line of propagation 
is perpendicular to the axis of the strip, the 
“apparent” coefficient of absorption of the 
material increases as the width of the strip is 
increased. The calculation and data for all angles 
of incidence indicate a general rise until the 
strip is }-wave-length wide, but for greater 
widths, the effect is dependent on the angle of 
incidence. The first paper further states that 
the theory should hold approximately for an 
absorbent strip placed on a wall in a room, with 
the limitations that the strip should be four or 
five wave-lengths long and four or five wave- 
lengths away from any wall. From the foregoing 
statements, it is a fairly logical step to assume 
that the conditions might hold true in a rever- 
berant room. An interest in furthering the experi- 
mental information on this subject prompted 
the first portion of this investigation. 

In another paper by Dah-You Maa,* some 
discussion on the optimum placement of ab- 
sorbent materials has been presented. This 
discussion states that a given strip of material 
will be more efficient when placed at a wall edge 
than when placed at the middle of a wall area, 
even for small pieces. The second portion of this 
investigation concerns this effect of placement 
of an absorbent strip. 


EXPERIMENTAL INVESTIGATIONS 


The measurements were made in the River- 
bank sound chamber by the standard reverbera- 





1 J.R.Pellam, “Sound diffraction and absorption by a strip 
of absorbing material,”’ J. Acous. Soc. Am. 12, 396 (1940). 

?J.R. Pellam and R. H. Bolt, “The absorption of sound 
by small areas of absorbing materials,” J. Acous. Soc. Am. 
12, 24 (1940). 


?Dah-You Maa, J. Acous. Soc. Am. 12, 39 (1940). 


tion procedure used for obtaining chamber 
coefficients. Sufficient data have been taken to 
exclude the possibility of having experimental 
errors disqualify any of the results. With the 
assurance from past experience that the decay 
is linear (in decibels) over the range measured, 
two points corresponding to a 40-decibel differ- 
ence in level on the decay curves were carefully 
determined and the slope of the line between 
these two points taken as the rate of decay. 
The ‘‘apparent” coefficient of absorption was 
used as the indication of the effectiveness of the 
material. 

The experimental work was divided into two 
parts covering the two phases of the investiga- 
tion. The first part, concerning the effects of 
varying width of an absorbent strip, consisted 
of the measurement of the “apparent” absorp- 
tion coefficient of eighteen-foot strips of varying 
widths, from three inches to four feet, and a 
final measurement of 72 square feet of the 
material in the conventional 8X9 foot panel 
placed at the customary position for reverbera- 
tion measurements of sound absorption coeffi- 
cients in the Riverbank sound chamber. These 
measurements were made at 5 frequencies, 512, 
690, 1024, 1381 and 2048 cycles, and in all cases, 
the edges of the sample were covered with strips 
of 14X,-inch angle iron, so that no edge 
absorption was included to vitiate the data. 
The center line of the strip was maintained on a 
given floor line in the sound chamber. 

The second part, concerning the effect of 
location of the absorbent strip, consisted of the 
measurement of the “apparent”? absorption 
coefficient of three strips eighteen feet long and 
6, 12 and 24 inches wide in two positions, at the 
edge of the floor of the sound chamber and in the 
middle of the sound chamber, parallel to the 
wall. The 24-inch strip was placed in a third 
position with one-half the width on the floor 
and the other half against the wall. This placed 
the material truly in the wall-floor corner. 

The material used in both cases was an old 
sample of BBB Celotex, cut into strips of the 
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proper widths, every effort having been made to 
eliminate the possible effects of variations from 
piece to piece of the sample. 

The measurement of absorption of such small 
areas of material is conducive to large errors, 
but on the other hand, the introduction of small 
areas of material into the sound chamber does 
not alter the room or test conditions to such an 
extent as to vitiate the results. Some of the 
curves plotted show also the extreme variations 
of the data obtained, which variations are smaller 
than the differences being measured. 


DISCUSSION OF RESULTS 


The results of the measurements are not 
entirely in accord with the conclusions drawn 
from investigations mentioned earlier in this 
discussion. 

There is an almost total disagreement con- 
cerning the effects of strip width. These data are 
shown in the Fig. 1, the “‘apparent’’ absorption 
coefficient for each frequency being plotted as a 
function of the width of the absorbing strip. 
It may be observed that for the four higher 
frequencies, the ‘‘apparent’’ coefficient shows a 
very definite decrease as the width of the strip 
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is increased. The curves are the average values 
of the coefficients, while the plotted points show 
the high and low extremes of the data con- 
tributing to that average. At 512 cycles, there 
may be a shade of doubt as to the portion of 
the curve for strip widths 12 inches and less in 
width. Above the 12-inch width there is a very 
definite decrease of coefficient with increasing 
width of strip. This might be construed as a 
tendency for some angles of incidence to show 
an increasing ‘“‘apparent’’ absorption coefficient 
with increase of strip width up to approximately 
>-wave-length. However, no definite increase is 
noted and this deduction could hardly be made, 
if the other four frequencies had not shown such 
a definite decrease. The extreme right point on 
each curve shows the absorption coefficient as 
measured by the standard Riverbank procedure, 
for comparison purposes. 

The results of the investigation concerning 
the effect of location of the absorbent strips 
show some rather peculiar tendencies. 

Figure 2 shows the curves drawn from the 
data relative to position of the absorbent sample. 
Here the “apparent” coefficient is plotted in 
terms of the 72-square-foot absorption for 
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various strip widths and positions. This method 
of representing the absorption effect was chosen 
to show more clearly any correlation of fre- 
quency, strip width and position to the effective- 
ness of the absorbing material. 

For the longer wave-lengths, the strip is more 
effective when placed against the wall than 
when placed in the center of the room. The edge 
position becomes more decidedly effective as 
the width of the strip is decreased; and, further, 
the frequency range over which this holds 
increases. The measurements made do not 
indicate any definite correlation between the 
wave-length and width of absorbent strip as a 
turning point for the optimum position of the 
strip. Generally, they indicate that for strips 
narrow with respect to the wave-length, the 
optimum position is at the edge of a wall area, 
while for strips wide with respect to the wave- 
length, the effect of position is materially 
lessened. The results of additional measurements 
with the third position of the 24-inch strip are 
shown on the fourth curve. The 24-inch strip, 
first laid on the floor against the wall, and then 
split up into two adjacent strips one on the floor 
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and one against the wall as shown, showed 
considerable difference in effectiveness. The data 
on strip position and size would indicate that 
the second position should be more effective 
than the first, because of the fact that the outer 
edges of the strip are both nearer to the corner 
than is the edge of the flat 24-inch strip. This, 
however, does not hold, as is evidenced by the 
curves shown. Phase shifts at the surface of the 
sample very probably contribute to this effect. 
There is a pressure loop at the surface of the 
nonabsorbent wall, but not at the surface of the 
sample of absorbent material. 


CONCLUSION 

A summary of the results indicates: 

(1) That for strips of absorbent material 
placed away from the edges of wall areas, the 
narrower the strips the greater the effectiveness 
or “apparent” absorption coefficient of the 
material. 

(2) That for strips of absorbent material 
placed at the edge of a wall area, the absorption 
versus frequency curve is a function of the width 
of the strip, and further, that the optimum 
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placement of narrow strips of the absorbent 
material is governed by the frequency of the 
tone under consideration and the width of the 
strip. 

A generalization of the results might lead to 
this realization: 

That with an extension of the presented data 
to a greater frequency range and strip width in 
the placement investigation, it might easily be 
possible with a given material to adjust the 
decay rates at various frequencies semi-inde- 
pendently of each other. This would be accom- 
plished by the use of various widths of strips 
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with the proper placement, at and away from 
the edges of the wall areas. 

An optimistic extension of the presented data 
on strip location would indicate that in certain 
cases, the low frequency absorption in a room 
could be made equal to, or greater than that 
obtained at the higher frequencies, a condition 
difficult to obtain with most of the present 
acoustical materials. 

It is hoped by the author that this study may 


be continued further either by him or some 


other interested person—for there is still much 


to be learned about the absorption of strips. 
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Sound Prevention Mechanism of Nonporous Materials. Part II 


SADAO KAWASHIMA 
Department of Architecture, Waseda University, Tokyo, Japan 


(Received August 19, 1940) 


INTRODUCTION 


N the previous paper of the same title,’ the 

sound transmission mechanism of elastically 
restrained material was considered and it was 
experimentally ascertained that the sound trans- 
mission mechanism of plate-like material is 
traceable to diaphragm action. 

This paper, although still dealing with non- 
porous materials, considers two other problems, 
namely, the case when the thickness of the plate 
is progressively increased to simulate a wall, and 
the case when the nonporous, flexible and thin 
material is built-in inelastically. 

In the previous report, the thickness of plate 
was thin compared to that of the wave-length of 
the exciting frequencies. But when the plate 
becomes a wall, its thickness becomes comparable 
in order to that of the exciting frequencies 
particularly so for the high frequency range, and 
the wall will in some instances act as a plate and 
in other instances will transmit sound as an 
elastic medium depending upon the value of the 
exciting frequencies. 

A rubber membrane which may be considered 
acoustically air-tight and which is_ loosely 
clamped at the four edges is an example of the 
second case. In this case the resonance dia- 
phragm action no longer occurs, and conse- 
quently the transmission mechanism 
somewhat from that of the plate. 

In this paper, the author gives theoretical 
considerations to these two points of the prob- 
lem, and ascertains that these results are in 
substantial agreement with those determined 
experimentally. 


differs 


THEORETICAL CONSIDERATIONS 


When the thickness of the material is small 
compared to the wave-length of sound, it 
becomes permissible to neglect the elasticity of 
the material in the discussion of the transmission 


loss. However, from the point of view of sound 


1S. Kawashima, ‘Sound prevention mechanism of non- 
porous materials. Part I,”’ J. Acous. Soc. Am. 12, 75 (1940). 
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pressure, practically all building materials may 
be considered as elastic substances, and this 
property must be taken into consideration when 
the thickness of the material is of comparable 
order to that of the wave-length of sound. 

Consider the case of a plate whose thickness 
increases in comparable order to that of the 
wave-length of sound. Then, assuming that there 
is no absorption of sound in the medium, the 
amount of transmitted energy was given by 
A. H. Davis as follows :?? 


4+ 4 cot? (27l/d) 


(Ri/Ro+R2/R1)?+4 cot? (2xl/d) " 
where / is the thickness of the medium, \ the 
wave-length of sound in the medium and 
Ri=pici, Ro=pec, are the specific acoustic re- 
sistances of air and of the medium, respectively. 
Now letting Ri/Re=yo, Re/Ri=y12, and 2x/d 
=k the transmission loss (T.L.) of an elastic 
medium is by definition 


T.L. (any = 10 log io 


sin? al} (2) 


It is evident that transmission loss has the 
same value for every /=)/2 and it is a function 
of the thickness of the medium / and exciting 
sound wave-length X. 

The term “thick” or ‘‘thin’’ as applied to a 
plate refers to the ratio of the plate thickness 
and the wave-length of the exciting sound so 
that a plate of a certain thickness may be 
considered either ‘‘thick’’ or ‘‘thin’’ depending 
upon the value of the wave-length. For example, 
a really existing brick wall having considerable 
thickness will be considered as ‘‘thick” wall for 
high exciting sound frequencies (taking c.= 3652 
m/sec.* \/412 cm for 8000 c.p.s.) while the 
same wall will be considered as a ‘“‘thin’’ wall or 


2 A. H. Davis, Modern Acoustics (Macmillan, New York, 
1934), p. 218. 


3G. W. Stewart and R. B. Lindsay, Acoustics (Van 
Nostrand, New York, 1930), p. 327. 
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Fic. 1. Transmission loss vs. frequency for several values 
of m(g/cm?). 


plate subjected to wave of low frequencies 
(A/4=30 m for 30 c.p.s.). 

Next, consider the case where the thickness 
of the medium is very thin compared to the 
exciting sound wave-length (that is 1d). Then 





the transmission loss is expressed, putting 
sin? kl+=k/? and R.>R, in formula (2), as 
follows: 
ma" 
T.L. cap) = 10 log yo (: oS ), (3) 
4R;? 


which is the result also derived by A. H. Davis.’ 

In this equation, the condition of elastical 
restraint is not considered. This is analogous to 
the case in which the stiffness of a plate tends 
to approach zero. By putting s=0, making 
resistance coefficient r= 0, the equation of motion 
(5) represented in the previous paper may be 
expressed in the following form: 


més = Ri(éo1— £01’ — Eos) e™*. (4) 


The solution of this equation gives an identical 
result with (3). The physical reason for the 
identity of (3) of this paper and the solution of 
Eq. (4) is due to the assumed condition of 
sin kl=kl. Because the condition £3= &o2,which 
was the establishment condition‘ of the equation 
of motion (4), presupposed that the thickness of 
the material is thin compared to the wave-length 
of sound which permits us to neglect the elas- 
ticity of the material in the discussion of trans- 
mission loss. These two presuppositions, namely 
sin kiI=kl and £3=£o2, are quite identical in 
their physical meaning. 

Equation (3) is applicable when flexible, thin 
and nonporous material is loosely and inelasti- 


4See the establishment condition of (4) in the previous 
paper, reference 1. 
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cally built-in. The theoretical values of trans. 
mission loss for varying values of mass per unit 
area computed from (3) is shown graphically 
in Fig. 1. ; 

Returning again to the consideration of the 
wall, even in the case when the wall thickness 
I>, it is to be noted that it maintains natural 
frequency as a thick plate caused by the elasti- 
cally restrained state. Therefore, transmission 
loss would not strictly correspond to the value 
expressed by (2) because of the bodily diaphragm 
vibration. 

It may be said, therefore, that a wall has two 
different sets of frequency properties depending 
upon the value of audiofrequency, namely, that 
for low frequencies it behaves just as a plate 
vibrating because of diaphragm action and for 
high frequencies it behaves like an elastic 
medium vibrating longitudinally because of the 
relative magnitude of the wave-length and wall 
thickness. When the difference in the value of 
the natural frequency of the gravest mode of 
the diaphragm vibration and the frequency, 
giving the first maximum value for longitudinal 
vibration, is considerable, as is usually the case, 
the following formula, applying condition of 
R.>K,, is proposed which is believed to give 
the values of transmission loss with sufficient 
accuracy so long as they are expressed in db. 


T.L. an) = 10 logo 


RY wo \? 
ih -(1- ) sin? al (5) 
4R;? w . 


The maximum value of the transmission loss 
of a wall may be computed by the following: 


(r+2R;)? 
x|— 
4R/? 


‘(r+2R,)? Re? 
max 1 «Lntah) = 10 loo | (6) 


+ 
4R? 4R; 


In Eq. (5), the dissipation due to the setting 
up condition is considered, as described in the 


TABLE I. 





WEIGHT PER | Tuick- | 


UNIT AREA NESS 
MATERIAL (G/CM?) (MM) REMARKS 
Rubber A 0.55 3.0 Natural rubber content about 
| 40~50% (so-called red rubber) 
Rubber B | 0.09 | 1.0 | Natural rubber content about 


| 80~90% (so-called gum rubber) 
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Fic. 2. Transmission loss of thin, flexible rubber. 
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previous paper, but that of medium attenuation 
is disregarded. It is to be noted that dissipation 
factor r becomes effective only in the case when 
w approaches wo, in which case, due to the bodily 
vibration of the wall, by approximation of 
sin k1l=kl, Eq. (5) becomes identical in form with 
Eq. (8) of the previous report representing the 
case of plate. 

When the magnitude of the exciting frequency 
departs considerably from that of the natural 
frequency so that (1—a@o?/w*)=1, the wall 
becomes relatively immovable. When this con- 
dition obtains, the first term of Eq. (5) becomes 
small in comparison with the second term so 
that it may properly be neglected. That is to 
say the transmission ability may be considered 
to be contributed only by the medium trans- 
mission as expressed in (2). 

In the proposed formula (5), however, there 
remain several questionable points from the 
standpoint of physics. The first of these is the 
case when wy >w when the value of transmission 
loss increases without limit. The second is when 
sin k1=0, the transmission loss takes the value 
10 logio [(r +2R;)?/4R2]. Finally, this formula 
is applicable only so long as the wall vibrates in 
the gravest mode. Notwithstanding these con- 
siderations, formula (5) is convenient from the 
practical point of view in that it is applicable 
for all range of audiofrequencies which permits 
the consideration of two sets of acoustical 
properties simultaneously. 


EXPERIMENT AND CONSIDERATIONS OF RESULTS 


These tests were conducted in the sound 
laboratory of Waseda University and the method 
employed in the experiment was the same as 
explained in the previous paper. The following 
two cases were investigated, namely; (1) the 
measurement of the transmission loss of a thin, 
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Fic. 3. Mechanical vibration of concrete wall. 


flexible, nonporous material loosely set up so 
that the condition of stiffness s=0 is satisfied ; 
(2) the measurement of the transmission loss of 
a thick, nonporous material set up to possess 
elastical restraint. 


Case (1) 


By virtue of the set-up condition, stiffness 
s=0, which makes also the resistance coefficient 

=(. Further, as the thickness of the material 
is thin compared to the exciting wave-length, 
the relation sin kl =kl may properly be assumed. 

The materials used in the experiment pos- 
sessed the properties given in Table I. 

Although it was intended to set up both 
specimens identically, because of the differences 
in the properties of the two specimens shown in 
Table I, specimen A was less yielding and 
flexible than specimen B, and in the frequency 
near 70 cycles per second, there was evidence 
of a slight resonance for specimen A. 

The measured values of the transmission loss 
for the test specimens are plotted and the 
computed values using m=0.55 g/cm? and 
m=0.09 g/cm? in (3) are shown by the smooth 
broken line in Fig. 2. An inspection of the 
figure close agreement between the 
measured and computed values. 


reveals 


Case (2) 


The study of the transmission loss of the wall 
consisted of the investigation of (a) an actual 
wall and (b) those on test specimens. 

(a) Test of actual wall.—A reinforced concrete 
partition wall 27 cm thick, 5 m wide, and 2.7 m 
high between two rooms was subjected to field 
test. With the view of preventing growth of 
sound, high absorbents were temporarily placed 
in both rooms. A wall of these dimensions 
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Fic. 4. Mechanical damping oscillation of concrete wall. 


possesses one keen resonance peak.’ The peak 
in the actual wall under test occurred at the 
frequency of about 50 cycles per second as 
shown in Fig. 3 which corresponds to the natural 
frequency of the wall determined by imparting 
a slight impact to it. Figure 4 shows the me- 
chanical damping oscillation of the wall under 
impact and Fig. 5 shows the mechanical vibration 
of the wall under the exciting frequency of 40 
cycles per second sound. 

The measured values of the transmission loss 
of the concrete wall are plotted in Fig. 6 together 
with the computed value from (5) using the 
following constants: 


E=210,000 kg/cm? (modulus of elasticity) 
p2=2.3 g/cm? 
C2= (E,p2)'=3000 m/sec. 
R2=p2l2=6.9 X 10° g ‘sec. cm? 
r=1850 g/sec. 


The attenuation in the medium is not con- 
sidered in (5). Notwithstanding this fact, the 
difference between these two sets of values is 
considerable. A part of this difference is traceable 
to door leakage which is unavoidable in a field 
test of this nature. However, it is to be noted 
that the curves indicated correctly the tendency 
in all ranges of frequency. 

(b) Laboratory test—-Two gypsum plaster 
blocks, 50 cm X50 cm X15 cm and 50 cm X50 cm 
X25 cm were placed in a brick wall, which is 
covered by high absorbents, having a thickness 
of 60 cm which serves as a partition between the 
sound generating and receiving rooms. This 
wall, holding the test piece, was found experi- 
mentally to possess a fundamental mode of 


5 Strictly speaking, the wall has other minor resonance 
peaks in the high frequency range. These minor resonance 
peaks, however, seem to affect transmission loss by only a 


few db. 
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kG. 5. Mechanical vibration of concrete wall agitated by 
40~ sound wave. 


vibration of 80 cycles per second and the higher 
natural frequency near 180 cycles per second. 
(See in which amplitude shows the 
velocity.) Because of this mechanical vibration 


Fig. 7 


of the wall, the test block also vibrates similarly, 
Assuming the propagation velocity of the 
gypsum plaster block at c2=2000 m/sec. and 
using values of p2=1.06 g/cm’, r=4500 g/sec. 
and /=15 cm or /=25 cm, the computed values 
from (5) and measured results are shown 
graphically in Figs. 8 and 9. As will be seen in 
these figures, the measured values corresponding 
to frequencies less than 1000 cycles per second 
in both cases is less than the calculated values. 
This discrepancy is probably caused by the 
existence of the wide resonance vibration band. 
The seemingly large transmission loss at the 
resonance point of 80 cycles per second is 
caused by the large value of the resistance. 
The maximum ability of an elastic wall to 
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Fic. 6. Transmission loss of concrete wall. 


6 When the exciting sound intensity is feeble, the brick 
wall will not vibrate although the test specimen will. 
In experimenting with relatively thick specimens, it be- 
comes necessary to increase the exciting sound intensity so 
that the brick wall will vibrate and this effect is unavoidable. 
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SOUND 


Fic. 7. Mechanical vibration 
of brick partition of sound labo- 
ratory for sound excitation. 


value of sin k/=1, if the attenuation in the 
medium is ignored. Its maximum value is 68 db 
in the case of gypsum plaster block and 78 db 
for the concrete wall as computed from (6). 


SUMMARY 


The problem of sound prevention from the 
architectural standpoint, considering for the 
present only nonporous materials, was experi- 
mentally investigated and agreement with the 
theory checked. As a result of these studies, 
the author has come to certain conclusions. 

(1) In the case of plate-like materials, elasti- 
cally restrained, the value of transmission loss 
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Fic. 8. Transmission loss of gypsum plaster 
(thickness 15 cm). 
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FIG, 9. Transmission loss of gypsum plaster 
(thickness 25 cm). 
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is given by 


(r+2R,)? —m2w?(1 — wo?/w?)? 
— a oie 


T.L. (any = 10 log yo oe _ 
. AR? 4R;?? 


and when thin, flexible materials are set up 
inelastically, the value of transmission loss is 
given by 


mw" 
T.L.«a,) = 10 logw (1+ ). 
4R;? 


These two formulae were deduced by A. H. 
Davis and exactly verified experimentally by 
the present author. 

(2) In an elastically built-in wall whose 
thickness is of a comparable order to the exciting 
wave-length, the transmission loss is expressed by 


T.L. can) == 10 log yo 


» 9° 


(r+2R,)? R? @Wy- \~ 
xi— ———+ (: — ) sin? R/ 
4R? 4R; w 


and the maximum value of transmission loss of 
the wall is given by the expression 


(r+2R,)? R* 
ph 
4R2  4R? 


m my i tee = 10 log 10 


Also in the previous paper, an aspect of sound 
filtration phenomena of plate against noise was 
detected experimentally and its significance 
discussed. 
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Transmission Loss of Nonporous Plate Having Multiple Resonant Points 


SADAO KAWASHIMA 
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HE values of transmission loss of nonporous 
plate under elastic restraint are usually 
computed by the formula 


T.L. (av) = 10 log io 


.{ Jo 


wherein 7 is resistance coefficient of the plate; 
Ri=pc is specific acoustical impedance of air; 
m=mass of the plate per unit area; wo=natural 
angular velocity of the plate; and w is exciting 
angular velocity of sound. 

Generally speaking, from the above formula it 
is clear that the sound prevention ability of non- 
porous material is proportional to the logarithm 
of the square of the mass per unit area, except in 
the neighborhood of resonance. In this range the 
reduction ability decreases irrespective of the 
value of the mass caused by the gradual diminu- 
tion of the value of the second term in formula 
(1), even when the value of r may be con- 
siderable. 

Partition walls in actual buildings, however, do 


(r+2R;)? m*w?(1— Wo", w*) 
AR AR} 





not have a single resonant point contrary to the 
influence of formula (1), and this fact was also 
evident in the laboratory tests, wherein only 
glass-like homogeneous materials had single reso- 
nant points. For instance, a thin iron circular 
plate of 50 cm diameter had many modes of 
vibration when it was set in its natural state. 
This fact of having multiple resonant points, 
however, will sometimes play the role of in- 
creasing the transmission loss as a whole when 





Fic. 1. Mechanical vibration of glass plate for 
variable frequencies. 


compared with the case of plates having only 
one sharp resonant point. 

Keeping in mind the fact just referred to, the 
following experiment was performed to investi- 
gate the transmission loss of nonporous plates, by 
way of application to practical architectural 
acoustics. 

A glass plate of 3 mm thickness and 50 em 
diameter was set in the test opening in its 
natural state. Its single resonant point exists 
near 90 cycles per second as shown in Fig, 1, 
which shows the mechanical vibration of the 
plate, the method of obtaining the records having 
been described in a previous paper." 

Next, the glass plate with its center pushed 
away by an iron pinhead as shown in Fig. 2 was 





Fic. 2. Setting condition of test piece. 


Sound Wave 
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YVVVVVVVY 
Fic. 3. Damped 
oscillation of a glass 
plate with its center 
pushed away. 


Mechanical Vibration 
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1S, Kawashima, ‘Sound prevention mechanism of non- 
porous materials. Part I.” J. Acous.’Soc. Am. 12, 75 (1940). 
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Fic. 4. Mechanical vibra- 





tion and transmission loss of a 
glass plate with its center 
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tested. Figure 3 shows the recorded sound waves 
and mechanical vibrations caused by a slight 
impact of a soft ball on the plate. The inspection 
of the figure shows that the plate performs 
coupled oscillations. The values of the natural 
angular velocities, w; and w;;, are obtained from 
the following relations 


w= Wi +> | 


’ 
Wr] = 01 — w2| 


where w; and w: are read from experimental 
record. These relations when expressed in terms 
of frequencies become: 


fi =fitfe| 
fu=fi-fel" (3) 


From the experimental records of Fig. 3, f; and f, 
are 87 cycles per second and 4 cycles per second, 
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Fic. 5. Damped oscillation of an iron plate with 
its center pushed away. 












































NON 
) 


CYCLES PER SECOND 
respectively. It follows that the computed f; and 
fr; are 91 cycles per second and 83 cycles per 
second. 

These values of natural frequencies agree 
quite well with the magnitude of the mechanical 
vibration amplitudes obtained experimentally in 
the entire range of audiofrequencies while the 
acoustical intensity is maintained constant as 
shown in Fig. 4 which also represents trans- 
mission loss. 

In this figure, fa=85 cycles per second, f,=93 
cycles per second and f,=170—180 cycles per 
second, and these values are in substantial 
agreement with the computed values so that 
fa=fn, fo=fr and f-=2(f:1~fr), and it will be 
noted that the sound reduction ability of the 
plate is reduced near the resonant points. 

An iron plate of the same size but with a 
thickness of 0.36 mm was tested in a similar 
manner to the glass plate pushed at its center. 
The natural mechanical vibrations and the sound 
waves produced are shown in Fig. 5. It will be 
seen that the plate possesses numerous multiple 
resonance peaks and the transmission loss values 
corresponding to these peaks become small (see 
Fig. 6). In the range of 88 cycles per second and 
95 cycles per second negative values of trans- 
mission loss were obtained and this seemingly 
anomalous phenomenon is believed to be trace- 
able to the concave form of the distorted plate 
after being pushed by the pinhead so that the 
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transmitted sound waves are not projected 
parallel but tend to converge at some point. 

From an actual example, a wooden partition 
wall in building, plastered on both surfaces, 
possesses many peaks of resonance as shown in 
Fig. 7. 

In the final analysis, we believe that it may be 
preferable to use materials with multiple reso- 
nance peaks to increase the value of sound 
transmission loss rather than to obtain the same 





Fic. 6. Mechanical Vibra- 
tion and transmission loss of 
an iron plate with its center 
pushed away. 


Fic. 7. Mechanical vibra- 
tion of a wooden partition 
wall. 


results by using materials possessing one keen 
resonant point; the values of transmission loss 
will be more complex than shown by formula (1), 
and it will be dependent upon the value of the 
mechanical amplitudes in the range of audio- 
frequencies. In reference formula (1), it must be 
remembered that it expresses the mechanism of 
transmission loss with respect to mechanical 
vibrations, but in practice the transmission loss 
of walls presents a more complex relation. 
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The Control of Acoustic Conditions on the Concert Stage* 


HAROLD BurRRIS-MEYER 
Stevens Institute of Technology, Hoboken, New Jersey 


(Received November 20, 1940) 


ONCERT singers and instrumentalists per- 

form, by choice, in small highly reverberant 
rooms since, in them, they are able to hear them- 
selves easily. This phenomenon is familiar to all 
who have indulged in the popular American 
pastime of singing in the bath. With the same 
unanimity with which they prefer small, highly 
reverberant rooms, they deplore the acoustic 
conditions of most large concert halls and audi- 
toriums. 

The nature of the complaint is that the artist 
cannot hear himself. The results of not being able 
to hear are the catalog of the artist’s woes: 
tension, inability to relax, a feeling of being ill at 
ease, of low vocal efficiency, forcing the voice in 
an effort to project, using a higher key than is 
best for the song in an effort to get out more 
volume and fill up the house. Some singers carry 
all the pieces in their repertoire in a number of 
keys and use the one which is nearest the reso- 
nant frequency of the hall, despite the fact that 
few singers can sing the same number equally 
well in more than one key. 

The concert artist does not really doubt his 
ability to fill the house. The inability to hear 
himself, however, bothers him, sometimes enough 
to lead him into faults which militate against a 
good performance. Obviously, it would be a boon 
to musicians performing in public or, by the 
same token, before the broadcast, recording or 
motion picture microphone, to be surrounded by 
acoustic conditions characteristic of the small 
studio, especially if this could be accomplished 
without affecting the acoustics of any area except 
that occupied by the artist. 

Several years ago, Mr. Paul Robeson dis- 
covered that if he stood in front of the speaker 
of a public address system which was being 
used in the concert, he enjoyed some of the 
desirable acoustic conditions usually associated 
with the small studio. Last winter, on the 
occasion of the stereophonic recording of the 


_, | Presented before the Acoustical Society of America, 
Chicago, Illinois meeting, November 15, 1940. 


first Forest Scene from ‘‘The Emperor Jones,” we 
discovered the possibility of using this phe- 
nomenon to surround the performer by an 
acoustic envelope tailored to his demands. Ex- 
periments were conducted last August in the 
Maplewood (New Jersey) Theatre which has 
many acoustic limitations. A simple set of equip- 
ment was then devised for Mr. Robeson and 
used in two out-of-town concerts and, for the 
first time in New York, at Carnegie Hall on 
October 6, and thereafter throughout Mr. Robe- 
son’s concert tour. 

After the studies conducted in Maplewood, the 
technique was the subject of further experiment 
with numerous singers in the Stevens Theatre 
and at the Metropolitan Opera House. It has yet 
to be tried for recording or radio, but the de- 
sirability of its use seems probable. 

When we tried to make the singer think he was 
in a small studio, we first had to find out what 
it is about the acoustics of the small, reverberant 
room that is significant as far as the artist is 
concerned. We controlled individually the in- 
tensity of the sound as the artist heard it; the 
frequency of the sound (that is, we controlled 
the response curve); we varied the direction 
from which the sound came to the artist and the 
distance from which it came to the artist, which 
resulted in a time interval at the artist’s position 
between the original and the reproduced sound. 
We found that the artist hears himself if he can 
perceive a difference in any characteristic of 
sound between the original sound as it leaves him 
and the reproduced sound as it comes back. It is 
the difference which counts. 

Once it is established that the artist’s ability 
to hear himself depends on a difference, it be- 
comes a simple matter of elimination to find 
those differences which are most useful in making 
an acoustic envelope to surround the artist. 
Obviously, for maximum usefulness: (1) It must 
be possible to isolate the envelope surrounding 
the artist completely from the audience, that is, 
acoustic conditions in the audience part of the 
theatre must not be affected. It must be im- 
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Fic. 1. Frequency characteristic of equipment used in the 
Robeson technique. 


possible for the audience to be aware of the 
presence of any sound control equipment. (2) The 
task must be accomplished with simple portable 
equipment. 

Intensity differences are not useful. When the 
reproduced sound is less intense than the original, 
the artist cannot hear it: When it is more intense, 
the artist is satisfied but the audience hears the 
reproduced sound. Time differences are most 
useful. If the artist hears the reproduced sound 
later than the original one, he is perfectly satisfied 
that he is hearing himself, and he is able to do this 
even though the reproduced sound be of much 
less intensity than the original one. It seems 
entirely logical that time difference should be 
satisfactory since time difference is a charac- 
teristic of long reverberation or room resonance. 

Time difference is achieved by placing a 
directional speaker 50 feet or more from the 
artist, or by pointing it at a surface which will 
reflect the sound to the artist so that the path 
from the speaker to the artist is more than 
50 feet. 

Experiments involving frequency control at 
low intensity have shown that the presence or 
absence of low frequencies is not apparent except 
in the case of excessively loud reproduction. 
Over-emphasized frequencies of 1500 cycles or up 
can be heard at low intensity. Low frequencies 
lack directional characteristics and, even with a 
highly directional speaker, will slop over into 
the audience if they have to travel more than 50 
feet before reaching the artist. Moreover, they 
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are not readily absorbed by wall surfaces o; 
audience so, if they get to the audience, the 
audience is aware of them. Also, when a foot. 
light microphone is used, the system will pick up 
low frequency sounds transmitted by the floor 
if the system responds to low frequencies. For 
these reasons, low frequencies are not used. 
High frequencies are directional enough to be 
kept away from the audience and are absorbed 
readily enough so that they are below back. 
ground if they ever do get out. 

The process of elimination then leaves us with 
a system which: (1) Feeds sound back to the 
artist through more than 50 feet of air, and can 
limit the zone it affects so the audience cannot 
hear it; (2) Has a response curve cut off below 
500, and peaked above the highest fundamental 
note which can be sung, so that the significant 
harmonics are the only part of the sound which 
comes back. 

The response curve is not particularly critical, 
though the one used in Fig. 1 is the result of 
quite thorough exploration of the frequency 








Fic. 2. Diagram showing instrument placement on con- 
cert stage for Robeson technique. ‘‘S’’ indicates position 
of singer. 


spectrum. It is cut off below 500 cycles, has a 
flat peak at 2000 cycles from which it drops off 
slowly, and is down 10 decibels at 6000. The 
attenuation at the upper end is a characteristic 
of the inexpensive equipment used and has no 
other significance. The singer seems to hear him- 
self quite as well with this response as if the upper 
end of the spectrum were in. The technique is 
fully effective when the sound level, at the posi- 
tion of the artist, is not measurably affected by 
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CONTROL OF ACOUSTIC 
turning the system on or off, whether the meas- 
urement be made at flat response or weighted for 
loudness in conformity with the ear curve. 

A single speaker can effectively cover a sharply 
defined stage area of approximately 200 square 
feet, outside of which it is impossible to tell 
whether the system is on or off. A single foot- 
light microphone can respond effectively to 
music emanating from any point within that 
area. A level set well below the point of regenera- 
tion for the empty house is safe, and more than 
adequate for the full house. 

Of all the techniques and phenomena in which 
the Stevens Sound Research Project has had a 
hand, none has been a source of more satis- 
faction than this technique which we should like 








CONDITIONS ON THE STAGE 337 


at this point, to name for its originator—the 
Robeson Technique. (See Fig. 2.) 

The enthusiasm of the artists who have tried 
it beats anything of the sort I have encountered. 
We inveigle them into trying the technique and 
they won’t go home. We have heard expressions 
like “I could sing all night,’ and ‘Why, it 
shrinks the room way down.” These are standard 
first reactions. The enthusiasm of the artists 
seems to be justified. In the first concert in 
which the technique was tried at Carnegie Hall, 
Mr. Robeson was able to sing ‘‘Water Boy” in a 
lower key than he had ever used before for that 
number in concert. 

It is important to note that the technique has 
no effect on the sound as the audience hears it. 
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Noise Tremor Due to Traffic 


From an Engineer’s Point of View 


R. K. BERNHARD 
Department of Engineering Mechanics, The Pennsylvania State College, State College, Pennsylvania 


(Received November 29, 1940) 


This paper presents a study on noise and mechanical vibration abatement with respect to 


the field of structural engineering. Certain units of noise tremor are defined, and some psycho- 


logical and physiological concepts outlined (sensation thresholds and bearable limits for the 


human body). Fundamental principles of the measuring instruments are given. In reporting the 
investigations in buildings and in the field, particular attention is given to the influence of: 


speed of vehicles, super- and substructure of roadbeds, operation and construction methods, 
and the damping capacities of soils. The combined effect of noise and mechanical vibrations 


is studied. 


I. GENERAL CONCEPTS OF NOISE AND 
MECHANICAL VIBRATIONS 


UMEROUS papers on noise and mechanical 

vibration abatement with respect to the 
field of structural engineering have been pub- 
lished in the last decades; the first section of this 
paper, therefore, can be restricted to general 
results, defining only certain units'* and out- 
lining some psychological and physiological con- 
cepts. 

From a physicist’s point of view, noise, in- 
cluding sounds or tones, and mechanical vibra- 
tion, called tremors, may be regarded as a part 
of acoustics. Furthermore, both represent me- 
chanical vibration phenomena, or in other words, 
all mechanical vibration can be considered as a 
special kind of noise with low frequencies, i.e., 
infra-noise. However, the frequencies of mechani- 
cal vibrations in the structural field lie in general 
below the lower pitch limit of the ear. Tremors 
can become sounds only in such cases where the 
frequencies are above this lower pitch limit, 
which is approximately 16 c.p.s.; furthermore, 
their intensity must be greater than the threshold 
of audibility of the ear. The expression ‘noise 


1 ‘American tentative standards for noise measurement,” 
Acoustical Society of America Z. 24.2 (1936). 

2‘*American tentative standards for sound level meters 
for measurement of noise and other sounds,” Acoustical 
Society of America Z. 24.3 (1936). 

3 ‘American tentative standards acoustical terminology,” 
Acoustical Society of America Z. 24.1 (1936). 

4H, A. Frederick, ‘‘American tentative standards acous- 
tical terminology,” J. Acous. Soc. Am. 9, 60 (1938). 

5 R. W. Young, ‘Terminology for logarithmic frequency 
units,” J. Acous. Soc. Am. 11, 134 (1939). 
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tremor” has been introduced only to abbreviate 
the cumbersome term “combined noise and 
mechanical vibrations.’’ Higher frequencies oc- 
curring in noise phenomena (supersonic) as well 
frequencies, so-called infra-audible 
sounds may be included in this definition. 


as lower 


Besides questions referring to different engi- 
neering materials, the following tests consider 
investigations on the bearable limits of the 
human body, since noise alone will never lead to 
overstresses in structures. Hence, the natural 
measuring instruments of humans, i.e., the sense 
of hearing and the sense of touch, must be 
discussed. 


Noise 


The measuring of noise intensities must be 
adapted to the human sense of hearing. The ear 
is an extremely sensitive manometer for altera- 
tions of air pressure, and can detect an intensity 
or sound flux density of 10~'® watt cm~*. Conse- 
quently, the “mechanical” ear, i.e., any noise 
meter, must have a sensitivity comparable to 
that of the human ear. 


Tremors 


Mechanical vibrations due to traffic might be 
called micro-earthquakes and are registered by 
the sense of touch. 

Tremors which cause the human body to 
oscillate as a unit, are perceived by the vestibular 
organ in the ear. However, only acceleration, 
i.e., velocity changes, can be felt, neglecting the 
adaptability to constant acceleration, for ex- 
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NOISE TREMOR 
ample, gravity acceleration. This is an important 
reason Why measuring instruments have to 
record accelerations primarily. 

Tremors which cause only single parts of the 
human body to vibrate, are perceived by the 
sense of vibrations, sense of pressures, and sense 
of the muscles. 

The boundary between the sense for single 
blows and the senses for vibration and pressure 
is at a frequency of approximately 15 c.p.s. 
Overstressing the first sense of touch, the vesti- 
bular organ, causes phenomena such as seasick- 
ness (nausea). The perception of mechanical 
vibrations with the several human organs is the 
main reason why the construction of a ‘‘mechani- 
cal’’ sense of touch is so difficult. Consequently, 
a vibrometer or vibrograph has to adapt itself 
automatically to these different human organs. 

Furthermore, a distinction must be made 
between sound in the air and sound in a body, 
depending upon whether the air or other media 
are the carriers of the propagation wave. Noise 
might be due to both sound in the air and sound 
in the body. Mechanical vibrations, however, can 
be caused by sound of nongaseous masses only. 
For example, noise due to the sound of bodies or 
liquids is mechanical vibrations, and may be 
excited by deflections of walls or ceilings. The ear 
can detect vibration of nongaseous masses only 
when transformed into vibration of the air. 

In case noise tremor reoccurs at certain in- 
tervals, any determination of bearable limits has 
to consider the effect of waiting, the expectancy, 
which depends on the disposition that is the 
temper of the individual person, its nervous 
state, etc. Simultaneous occurrence of noise and 
mechanical vibration causes in general more 
inconvenience than noise or vibration occurring 
alone. 

Finally, the position of the human body, if 
standing, sitting, or lying as well as the applica- 
tion of stresses (passive, in a vehicle, or active, 
in sports) has to be considered. This intimate 
relation between noises and tremors, which may 
overlap, obviously is caused by the close prox- 
imity of the sense of balance and the sense of 
sound pressure, both situated in the interior of 
the ear. Hence, investigations have to be ex- 
tended simultaneously to both phenomena, noise 
as well as mechanical vibration. 





DUE TO TRAFFIC 339 


The occurrence of shock and jerk phenomena, 
forming a more or less steep wave front, for 
example, detonation for noise and impact for 
vibration, creates certain difficulties when build- 
ing accurate measuring or recording instruments. 

Thus it is obvious that a thorough knowledge 
of the psychological and physiological phe- 
nomena, the human equation, as indicated above, 
is of primary importance when considering in- 
struments which have to be not only very sensi- 
tive, but on the other hand have also to imitate 
the different human senses. 

(1) Unit of noise.'~*—The unit of noise is well 
established. Noise is measured in decibels, a 
dimensionless unit, usually abbreviated ‘“‘db.”’ 
The number of decibels represented by any given 
power ratio is given by the formula: 


p 
db, = 10 logio —, (1) 
Po 


where p and po are the two powers being com- 
pared. The index ‘‘n’’ may indicate that the unit 
refers to noise. One db, is the smallest difference 
in loudness, which a human ear can perceive. 

To obtain a reference point with a known 
physical unit, the sound pressure of a tone with 
a standard frequency of 1000 c.p.s. near to the 
threshold of audibility equals 2X 10-* dynes cm~* 
=2.9X10~-* pound in.~ is chosen. 

(2) Unit for mechanical vibration.—Tests of 
tremors (microseismic) have not proceeded far 
enough to arrive at a definite conclusion on a 
formula for a similar unit such as introduced for 
noise. Scales being used for earthquake investiga- 
tions (macroseismic) cannot be adapted to traffic 
vibration because of their considerably higher 
frequencies. As mentioned before the human 
body is usually affected first of all by accelera- 
tions. Hence, the question of whether dis- 
placements (x), velocities (dx/dt), accelerations 
(d*x/dt*), or jerks (rate of change of acceleration 
= d*x/dt*), have to be measured, has so far been 
decided in favor of accelerations. However, it 
must be keptin mind that when testing materials, 
elongation (strain) or displacement (deflection) 
measurements are, for the most part, required. 

A similar dimensionless unit as that used for 
noise has been suggested for mechanical vibra- 
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db, = 10 logio —, ( 
10 


bo 


where 17=measured vibration intensity = (maxi- 
mum acceleration)?/frequency =in.?/sec.* =cm?/ 
sec.* and i7,= vibration intensity at the threshold 
of feeling. It may be emphasized, that in the 
‘Acoustical Terminology”’ as suggested in the 
American Tentative Standards! the threshold of 
feeling refers to the stimulation of the human 
ear only, and represents the upper loudness level. 
The threshold of feeling of the human body, a 
physiological condition, has been determined 
within certain frequency limits to 0.08 in.? sec.~* 
=0.5 cm? sec.~* and represents the reference 
point. The index v may indicate that the unit 
refers to mechanical vibrations only. 

From the physical point of view, one db, is 
the measured vibration power per unit of mass, 
divided by the corresponding value at the 
threshold of feeling. The difference between the 
threshold of feeling and the threshold of audi- 
bility makes it inadvisable, in general, to cali- 
brate a vibrograph or vibrometer in the unit of 
noise (db,.). 

Coming back to the definition of the unit for 
mechanical vibration, db,, similar boundaries as 
mentioned previously for noise can be deter- 
mined. The lower limit, the threshold of feeling, 
depending on the position of the human body is 
approximately 0-5 db, for vertical motions; the 
upper limit, the pain threshold, at frequencies 
higher than 15 c.p.s. is approximately 70 db,. 

(3) Unit for noise tremor.—Whether a new 
unit is required in order to determine the lower 
and upper limits when both noise and mechanical 
vibrations are acting simultaneously, has not 
been decided as yet. Traffic will, in most cases, 
cause both sources of annoyance. Furthermore, 
the fact remains that a rather low, but by no 
means loud tone, caused, for example, by the 
blowing off of steam from an engine, may exceed 
the bearable limit. This tendency shows again 
the close relationship between noise and tremors. 
Resonance phenomena within the ear may be 


6 W. Zeller, Die Wirkung von mechanischen Schwingungen 
auf den menschlichen Organismus (Mitt. Strassenfor- 
schungsinstitut. Techn. Hochschule Hannover, Germany, 
1933). 
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one of the physiological sources. Finally, it jg 
obvious that strong noises combined with small 
mechanical vibrations, are often less annoying 
than when combined with strong mechanical] 
vibrations and vice versa. 

The following tentative formula may be sug. 
gested : 


1 p 1 
db...=10/ logio —-+log io ), (3) 
m Po Lo 


where the terms under the logarithms represent 
the corresponding value for noise (db,) or 
tremors (db,), respectively. The factor 1/m isa 
proper fraction, indicating how much annoying 
noise affects the human senses less than mechani- 
cal vibrations. The unit db,4, is also dimension- 
less; negative numbers again indicate values 
below the threshold of feeling. With no noise 
present the tremor scale remains unchanged and, 
hence, without any mechanical vibrations the 
noise scale is valid. 

The most plausible value for m that has been 
obtained experimentally so far is m= 2. Thus, the 
pain threshold for a noise being equal to 140 db, 
corresponds to the pain threshold for a mechani- 
cal vibration equal to 70 db,; for db,=0 or 
db,=0 respectively, db,i, becomes equal to 70 
db,,, at the pain threshold. 

It must be emphasized, however, that nu- 
merous tests have to be carried out, especially 
investigations referring to the physiological ele- 
ments before any decision can be made as to 
whether the proposed formulas and the assumed 
constants will yield reliable results. 


II. PURPOSE OF INVESTIGATIONS 


The following investigations, covering pri- 
marily the field of the structural engineer, 
probed: (1) Structural methods for decreasing 
the propagation of noise and mechanical vibra- 
tion radiating from railroad and highway trafhe; 
(2) Comparison between various speeds of 
vehicles, super- and substructures of the roadbed, 
and between steam and electric trains with 
respect to the effect of noise tremor in the open 
field and in adjacent buildings; (3) Objective 

7R. K. Bernhard, ‘‘Noise and tremors considered as 


mechanical vibration, caused by railway and street traffic,” 
Der Bauingenieur, No. 15 and No. 16, 16, 176 (1935). 
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NOISE TREMOR 


records of noise and mechanical vibrations to 
be useful as a basis in law suits dealing with the 
devaluation due to annoying disturbances. Elimi- 
nation of the personal element to permit quanti- 
tative and qualitative comparisons. 


III. INSTRUMENTS 


(1) Requirements 


The requirements may be summarized as 
follows. The apparatus must be sensitive, easy 
to handle, and transportable. Indicating instru- 
ments, except for recording purposes in law 
suits, are in general sufficient. Any outside 
electric energy supply line must be avoided. 

The pick-up units are built, preferably, as 
superfrequency instruments, often called sub- 
resonant instruments. This means that the 
natural frequency of the instrument is above 
the measuring range, in order to prevent distor- 
tion due to natural frequencies, i.e., transient 
stages caused by steep wave fronts. 

The receiver, however, may be a subfrequency 
instrument, i.e., with a natural frequency of the 
instrument below its measuring range, since 
higher frequencies are not perceivable by the 
human eye anyhow. 

The instruments used in the investigations are 
not discussed in detail, because quite a number 
of similar apparatus which meet these require- 
ments are described already in the Journal and 
other technical periodicals. Most of the investi- 
gations were carried out while the writer was 
connected with the German State Railway. 


(2) Noise meter (Noisograph)’ 


The microphone contained several compart- 
ments connected in parallel and filled with carbon 
granules and, consequently, had a low sensi- 
tivity threshold and nondirectional character- 
istic, ie., small cavity effect and practically no 
frequency discriminations. A three-tube amplifier 
made it possible to indicate a sound pressure of : 


7X10-8 Ib. in. ?=5 X10-* dyne cm~. 


(3) Mechanical vibrometer (Vibrograph)’ 


The pick-up unit transmitted accelerations 
only. A direct measurement of db, has not been 
used in order to be able to separate frequencies 
and amplitudes, which is of particular importance 
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when testing materials. The sender consists of a 
mass rigidly connected to a permanent magnet. 
The natural frequency of the vibrating system is 
200 c.p.s. The mass is submerged in oil, the 
viscosity of which is chosen so as to produce a 
half-aperiodic damping. This enables the meas- 
urement of almost undistorted acceleration fre- 
quencies up to 100 c.p.s. In the armature coil 
opposite the permanent magnet, a voltage pro- 
portional to the velocity of the vibrating system 
is induced. For sinusoidal vibrations the velocity 
amplitude increases proportional to the fre- 
quency and the acceleration amplitude propor- 
tional to the square of the frequency. Hence, a 
four-tube amplifier unit had to amplify not only 
the output (70,000 times) but a built-in fre- 
quency modulator (response warping circuit) 
simultaneously had to transform the velocity 
output into acceleration, i.e., to multiply the 
velocity by w. Finally, the receiver consists of a 
voltmeter with one-sec. reaction time indicating 
the quadratic mean values of the acceleration. 
Instead of the voltmeter, the same mirror 
oscillograph as required for the noise meter has 
been used, but with an element of a natural 
frequency of 1100 c.p.s. The calibration of the 
receiver can be reproduced at any time by a small 
built-in weight, dropping from a fixed height. 
The frequency range of this vibrometer (vibro- 
graph) lies between 5 and 100 c.p.s.; hence, 
frequencies below 5 c.p.s. and constant accelera- 
tions cannot be measured. Accelerations from 
0.016 to 26 foot sec.—? (0.5 to 790 cm sec.~?) with 
an accuracy of +10 percent have been recorded. 


IV. Fie_p Tests 
(1) Noise 


Noise due to traffic might cause rattling of 
window glasses, etc., whenever a part of the 
building is excited to natural or “shaking” 
vibrations. Hence, mechanical vibrations due to 
vehicles are often the indirect source of a 
relatively strong noise. Other forms of noise, the 
so-called normal living noise or the machinery 
noise as well as phenomena used more or less in 
architectural acoustics such as absorption, re- 
verberation, echo, reflection, etc., are beyond the 
scope of this paper. 
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(b) At a 15-foot distance (impact, R, louder than hiss, Z). Maximum in db,: Hiss—90; impact—110. 


Fic. 1. Pile driver noise (height of drop 3 ft., weight 187). Driver frequency: 0.5 c.p.s. 


The most annoying noise in building structures 
is caused by riveting or pile drivers. Noise dia- 
grams are shown in Fig. 1. In a 15-foot distance, 
the maximum value of 120 db, due to riveting is 
considerably above the bearing threshold and 
only a small amount below the pain limit. The 
driving of steel walls by steam hammers includes, 
mainly, two types of noises—the hissing due to 
the ejected steam and the impact due to the 
striking hammer. The remarkable feature is that 
at 15 feet (Fig. 1(a)) the hissing noise (Z) is 
considerably louder than the ram impact (R) 
and that at 105 feet, the opposite effect has been 
recorded (Fig. 1(b)). In general, the low fre- 
quencies with larger wave-lengths are more 
audible at greater distances. The drum of an 
approaching band for example, can usually be 
heard farther away. Excluding the always present 
wave patterns due to interference, a tentative 
explanation of the stronger noise caused by the 
hissing of the steam (higher frequency and 
smaller wave-length) might be the following: 
The stronger energy of the ram noise is more 
effective in the neighborhood, since a longer 


wave-length loses considerable energy at a longer 
distance because of the stronger diffraction; the 
high frequency hissing, however, has a stronger 
directional capacity and furthermore, the ear is, 
to a certain extent, more sensitive to higher 
frequencies. 

A second series of investigations dealt with the 
noise under various concrete and brick railroad 
viaducts, caused by passing trains. Figure 2 
indicates the result, the black triangle showing 
the background noise. I beam floors embedded in 
relatively small concrete masses transmitted 
more noise than brick arches with heavier masses. 
Reinforcements of any kind acted as _ noise 
dampers. A proper insulation of the I beam floors, 
consisting, for example, of several layers of 
tarred paper, reduced the noise to the same 
lower level as the reinforced brick arches (58 db,). 
Consequently, higher rents obtainable for rooms 
with horizontal ceilings (I beam floors) may pay 
for the costs of the required insulation. 

Investigation in the open field, comparing the 
noise of steam and electric trains, is shown in 
Fig. 3. Noise measurement at various distances 
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NOISE TREMOR 
from the track indicated an almost straight line 
increase if the abscissae represented the distance 
in a logarithmic scale. Again, average values are 
used in order to eliminate wave pattern effect as 
much as possible. This logarithmic increase indi- 
cates that any structural means for abating the 
noise is more effective the closer it is to the dis- 
turbing source. 

Finally, Fig. 4 shows a noise-space diagram 
representing the relation between loudness, 
speed, type and distance of passing trains. The 
measurements are made in the open field, com- 
paring electric and steam trains. It must be 
kept in mind that the type of rails and super- 
structure, especially the rail joints, and further- 
more, the maintenance stage of the roadbed, 
are important. The pronounced hump on the 
noise surface indicates interference or resonance 
maxima, similar to those described later for 
acceleration surfaces. 

Summarizing the investigations with railroad 
trains, it can be concluded that, in general, the 
loudness decreases with an exponential function 
of the distance and that steam trains are louder 
than electric trains. Only in shorter distances, 
however, does the steam locomotive cause the 
louder noise; at longer distance this difference 
has a tendency to disappear. 


(2) Tremors 


Mechanical vibrations due to traffic can excite 
natural frequencies of the building proper or 
parts of the building. It is assumed that the 
impacts do not follow too quickly so that the 
transient stage is relatively short. Periodic ex- 

9, 

4 


70 





: a b c d e 
Fic. 2. Noise intensity (db,) under viaducts, caused by 
electric suburban trains. Distance of microphone—18 feet. 
A Background level; a. I beam in concrete (horizontal 
ceiling). b. Brick arch. c. Brick arch reinforced with bricks. 
d. Brick arch reinforced with concrete. e. I beam in concrete 
with insulation (horizontal ceiling). 











DUE TO TRAFFIC 343 


citers, such as running machines, however, will 
cause, in general, forced vibrations of the 
building or its parts. Investigations to determine 
impact coefficients similar to those used in 
bridge designs have to be correlated with soil 
vibrations. 

In ‘‘soil dynamics’’® natural frequencies, as 
well as strata vibrations, have to be considered 
as leading to pronounced frequency spectra. 
These spectra depend on the formation of the 











Fic. 3. Noise intensity (db,) at various distances from 
steam and electrically driven trains. (Distance in loga- 
rithmic scale.) 7 background level. —— maximum values 
for steam trains. -—-maximum values for electric trains. 


soil and the thickness of the strata, and produce 
complex interference phenomena. 

Certain soil vibrations may coincide with 
natural frequencies (10 to 40 c.p.s.) of parts of 
buildings. For example, resonance between soil 
and the ceiling of a building may cause a response 
over extremely long distances. Thus, a distinction 
has to be made between the short distance zone, 
transmitting the detailed form of the impulse 
only, and a long distance zone, transmitting 
natural frequencies only. Propagation velocity, 
wave-length, and protection of structures, for 
example, by trenches, are beyond the scope of 
this paper. 

Finally, Figs. 5(a) and 5(b) represent accelera- 
tion space diagrams in the open field, i.e., the 
relation between soil acceleration, speed and 
distance of passing trains. Fig. 5(a) shows that 
only minor differences exist between vertical and 
horizontal (90° with respect to the center line of 
the track) accelerations. Corresponding to the 
noise hump (Fig. 4), the acceleration maxima in 
Fig. 5(b) reveal that the electric trains with 
every second car motor driven, excite smaller 
vibrations than the steam trains, and the loco- 


8 R. K. Bernhard, ‘‘Geophysical study of soil dynamics,”’ 
Am. Inst. Min. Metall. Eng. Tech. Pub. 55 (1937). 
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motive of the steam train causes higher accelera- 
tions than the following passenger cars. 

Again, pronounced humps are caused by inter- 
ference of strata vibrations or resonance effects. 
Changes in curves will be caused by different 
soil formation, various super- and substructures 
of the roadbed, and the stage of maintenance of 
the track. 

Table I summarizes the results. 


(3) Noise tremor 


If both types of vibrations, noise and mechani- 
cal, occur simultaneously, the sensation level and 
the pain threshold will shift considerably. 

Figures 6(a) and 6(b) show the record of noise 
and acceleration in the open field caused by a 
train passing at 40 miles per hour at a 60-foot 
distance. Using formula (3) with m=2, yields 
dbzs.=58. In Figs. 7 and 8 the same units can be 
compared between the interior of a passenger 
railroad car traveling at 55 miles per hour and 
an automobile at 30 miles per hour on a medium 
good highway. Assuming m=2, the values for 
dbz» become 55 and 60, respectively. The higher 
speed of the train did not cause a higher value for 
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Fic. 4. Noise surface as function of speed and distance of 
trains. Electric train at 39 miles per hour causes the same 
loudness as steam train at 21 miles per hour, both at a 
distance of 90 feet (------ ). — steam train; —-— electric 
train. 
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Fic. 5 (a). Vibration surface. Accelerations of soil as 
function of speed and distance of train. Vertical and hori- 
zontal accelerations caused by the same disturbing source. 
— vertical; — — — horizontal (at 90° to center line of 
track). 


db,,,. Numerous investigations with various 
insulating materials for building purposes, which 
first had to pass a mechanical endurance test up 
to 10X10°® cycles, lead to Table II for noise 
tremor and may be compared with Table I. 

The figures in brackets indicate the upper 
limits if either mechanical (db, <0) or noise 
(db, <0) vibrations occur alone. 


V. SUMMARY 


(1) In case noise and mechanical vibrations 
(noise tremor) occur simultaneously a new unit 
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Fic. 5(b). Vibration surface. Accelerations of soil as 
function of speed and distance of train. Vertical accelera- 
tions caused by different disturbing sources. —-— electric 
train; — locomotive of steam train; — — — cars of steam 
train. Electric train at 39 miles per hour causes the same 
acceleration as steam train at 21 miles per hour, both at a 
90-foot distance (-+++-- ye 


seems necessary, especially to determine the 
sensation level and the pain threshold. 

(2) The investigations indicated: (a) Noise: 
The known fact that the medium noise intensity 
decreases with reference to the distance from the 
disturbing source in the form of an exponential 
curve. Noise damping insulating materials have 
the greatest degree of efficiency when they are as 
close as possible to the disturbing source. For 
traffic noise, the medium noise intensity depends 
considerably on the speed of the vehicle and the 
maintenance of the roadbed. (b) Tremor: In 
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most cases the results coincide with those 
referring to noise ; however, for traffic vibration, 
the influence of the formation of the soil enters 
the picture. Rail joints which are not welded are 
by far the most important source of mechanical 
vibrations. 

Traffic vibrations may become most effective 
in the form of resonant vibrations of single parts 
of structures, neglecting the impact zone near 
the disturbing source. Very seldom, however, 
will these vibrations become detrimental to the 
buildings. Indirect effects, such as settling of 
the soil caused by traffic vibrations, will cause 
the well-known cracks in plaster or brickwork. 
Larger foundations are seldom excited to vibra- 
tions caused by traffic. 

(3) It must be well understood that the sug- 
gested tentative new units (db,' and db,,,) are 
used as a base for comparative values only. 

_ (4) Further investigation ought to include the 
effect of the wave patterns (interference effect), 
the influence of foundation depth and of ground- 
water level, type and stage of maintenance of 


TABLE I. Tremors. 

















THRESHOLD OF FEELING 0-5 db» 

In room, due to passing trains (distance 150 feet) 10 db, 
In the field, due to street traffic (distance 150feet) 15 ‘ 
In railroad car (at 55 miles per hour) y. ioe 
In airplane 5 30 “ 
In automobile (at 30 miles per hour) _ 3% 
Sea-sickness, at low frequency vibrations 60 * 
PAIN THRESHOLD _—= 














0-5 0-5 


dbn db» dbn—» 
SENSATION LEVEL 0 





In buildings | 
Living quarters, quiet suburb 
Repeated 30 (40) | 5 (10) 20 
Seldom (expectancy effect) 40 (60) | 10 (13) 30 


Working rooms, city 


Repeated 50 (80) | 15 (20) 40 
Seldom (expectancy effect) 60 (90) | 20 (25) 50 
Railroad train (v=55 mi./hr.) 60 (90) | 25 (35) 55 





Automobile (v=30 mi./hr.) 50 (90) | 35 (40) 60 


Airplane (cabin) 70 (90) 30 (45) 65 





Patn THRESHOLD (140) (70) 70 
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(b) Vertical acceleration. 
MECHANICAL NOISE 
NOISE IN ACCELERATION IN FREQUENCY IN VIBRATIONS TREMOR 
: dbp CM SEC.~? C.P.S. IN dbe IN dbns, 
Maximum values 86 20 25 15 58 


Fic. 6. Noise tremors in the open field, caused by electric train passing at 40 miles per hour at a 60-foot distance 
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(b) Vertical accelerations. 
MECHANICAL 
NOISE IN ACCELERATIONS FREQUENCY VIBRATIONS Noise TREMOR 
dbn IN CM SEC.~? IN C.P.S. IN dbp IN dbnyv 
Maximum values 60 97 60 25 55 


Fic. 7 


. Noise tremors in the interior of railroad passenger car at 55 miles per hour 
(at the stomach level, windows closed). 
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(b) Vertical accelerations. 


MECHAN- 
ACCELERA- FRE- ICAL VI- NOISE 
Nols! TION IN QUENCY BRATION TREMOR 
IN dbn CM SEC. ~? IN C.P.S. IN dbe IN GDn4e 
Maximum values 50 25 10 35 60 


Fic. 8. Noise tremors in the interior of automobile at 30 miles per hour on medium good pavement (stomach 
level, windows closed). 


super- and substructure of railroads and high- help by Professor W. H. Pielemeier, State 


ways, etc. College, Pennsylvania, and J. W. Zeller, Berlin, 
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A Theory of Tracing Distortion in Sound Reproduction from Phonograph Records 


W. D. Lewis Anp F. V. Hunt 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 
(Received November 23, 1940) 


General formulas are derived, as an expansion in powers of the amplitude and its derivatives, 


for the motion of a stylus of any shape sliding on the warped groove surfaces representing 
any arbitrary recorded signal. These formulas provide simple expressions for the second- and 
third-order harmonic distortion of pure tones, and are also applicable for the computation of 
cross-modulation products for two- or many-tone signals, including a continuous recorded 
spectrum. Typical computations for these cases are presented and a general criterion is estab- 
lished for the maximum r.m.s. distortion for an arbitrary steady-state signal. The computa- 
tions provide a basis for discussing the advantages of lateral-cut over vertical-cut, the effect 
on distortion of “‘pre-emphasizing’’ the recorded spectrum, and the efficacy of rerecording 


techniques. 


INTRODUCTION 


N the process of recording and reproducing a 

signal by means of phonograph records, 
distortion of the original signal can be introduced 
in a variety of ways. One of these ways involves 
only the geometry of the stylus-groove relation- 
ship and is a distortion which arises because the 
tip of the reproducer stylus has a finite size. 
Since this is always so, the motion of the stylus 
as a whole does not follow the contour of the 
record surface, but differs from it in a manner 
which depends on the type of recording, the 
groove velocity, the size and shape of the 
stylus tip, and on the recorded signal. The 
failure of the stylus of the reproducer to trace 
the same path executed by the recording stylus 
produces in the output the type of distortion 
known as tracing distortion. 


Y 





Fic. 1. Stylus tip—record surface contact for a 
vertical reproducer. 


Di Toro! has discussed this type of distortion 
with an analysis based upon a spherical stylus 
tip and an approximate sine curve composed of 
parabolic and straight line sections. Pierce and 
Hunt®* have extended the discussion to exactly 
sinusoidal curves by means of a simplified form 
of schedule analysis. It is the purpose of this 
paper to present a generalized theory of tracing 
distortion, applicable to arbitrary recorded 
signals and arbitrary stylus shape. The immedi- 
ate result of this generalization is to provide 
closed analytic expressions for the principal 
distortion terms and to provide for the compu- 
tation of cross-mcdulation products as well as 
simple harmonic distortion. As in the previous 
references, it is assumed throughout that the 





Fic. 2. Idealized stylus tip—groove contact for a lateral 
reproducer. The dotted lines show a position of maximum 
displacement. 





1M. J. Di Toro, J. Soc. Mot. Pict. Eng. 29, 493 (1937). 
2J. A. Pierce and F. V. Hunt, J. Acous. Soc. Am. 10, 14 


838i, A. Pierce and F. V. Hunt, J. Soc. Mot. Pict. Eng. 31, 
157 (1938). 
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record surface is not deformed by the reproducer 
stylus and that the stylus is always in positive 
contact with both walls (for lateral-cut only) or 
the bottom (for vertical-cut only) of the record 
groove. The problem treated is, therefore, the 
geometrical and kinematical problem of investi- 
gating the stylus motion under idealized condi- 
tions rather than the related dynamical problem 
concerning the groove-wall deformation and the 
reaction forces required to produce this motion. 

In the following section we derive a formula 
which gives, as an expansion in powers of the 
recorded signal amplitude, the motion of a 
stvlus in contact with the surface of a vertically 
cut record. The signal to be reproduced is 
represented by the first term of this expansion ; 
the following terms are therefore extraneous or 


I. DERIVATION OF THE 


“distortion” terms. With this formula as a 
starting point the corresponding formula for 
laterally cut records is obtained. 

For medium or high fidelity reproduction the 
first one or two distortion terms will contain 
most of the energy of distortion. In Section II 
we discuss these terms for a variety of recorded 
signals. A definition of ‘‘nth-order distortion”’ is 
made, and formulas for the second- and third- 
order distortion in particular cases are obtained. 
Under the assumption that a complex recorded 
signal can be represented by a_ continuous 
spectrum, the frequency distribution of second- 
and third-order distortion components for such 
a signal is obtained. Discussions of the tech- 
niques of “‘pre-emphasis” and “‘rerecording’’ are 
included. 


GENERAL FORMULAS 


We represent the surface of a vertically cut phonograph record by the equation Y=ay(x+V2), 
a generalized warped surface which remains constant in shape and travels with a velocity V in the 
—X direction. If Y remains unchanged but the amplitude factor a is varied, this equation represents 


the same recorded signal at a different level. 


The principal cross section of the stylus point is represented (see Fig. 1) by the equation 


Y—S=9(X), where ¢(0)=0; 9/(0)=0 


¢”’(0) >0. 


The lowest point of this curve is X=0, Y=5S. As S is varied, it remains constant in shape and 
orientation but slides vertically so that its lowest point remains on the Y axis. 
Consider this system at the time ¢. We wish to find a value of S, as in Fig. 1, such that the stylus 


tip will be tangent to the record surface at a point P. In order to insure that there will be a single 

point P for which this is satisfied, we demand that the function ¥(x+V?t) be smooth. This condition 

will be satisfied if the recorded signal has a bounded spectrum. Then by choosing the amplitude 

factor sufficiently small, contact at a single point only will be insured. The amplitude will in practice 

be sufficiently small in almost all useful ranges and certainly in those of high or medium fidelity. 
Let Ax be the x coordinate of this uniquely determined point P. Then the Y coordinate is 


Y=S+4(Ax) =ay(Ax+V2) (1) 


and the slope of the tangent line is 
Y’=¢' (Ax) =ay’(Ax+ V2). (2) 
Expand (2) about the point «=0 
Axg’’(0) +3 (Ax)*9’”"(0) + § (Ax)*6"""(0) ++ +» =ay’(Vt) + Axayp" (Vt) +3(Ax)ay’"(V++++. (3) 


If a=0 in (3), then Ax=0. If a is small, Ax will be small. Therefore, we assume a series solution for 
Ax in the form 

Ax =aA\x+a7Agx+a®Agx+ ee, (4) 
Substitute (4) in (3) and write according to increasing powers of a 


0=alAiwe" (0) —y’(Vt) ]+a2[Aoxd”’ (0) +3 (Aix)?26’"" (0) — A" (Vt) ]+a*[Asxg’’(0) +--+ J+--+. (5) 


‘It has come to the attention of the authors that similar expressions have been found, but not as yet published, by 
investigators at the Bell Laboratories and by Mr. Di Toro, 
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Setting the coefficients of a, a?, a’, --+ in (5) successively equal to 0 yields 








v'(Vt) 
CEE 6.1) 
and 
v'(Vt) (Aix)? 9'"0) (VOW) W'2(V8)6""(0) 
imei osname ~ . : (6.2) 
¢’’(0) 2 ¢’’(0) o’’*(0) 29'’3(0) / 


In general, the coefficient of a” will yield an expression for A,x in terms of the derivatives of ¢(,) 
and ay(x+Vt) at X=0.5 

It is the motion of the stylus rather than that of the record surface which is actually transmitted 
to the reproducer system. Figure 1 shows that the position of the stylus is given by the value of § 
But from (1) we have 





S(t) =ap(Ax+ Vt) — $(Ax) =ayp(Vt) +Axay’(Vt) +3 (Ax)*Lap’’(Vt) — $0) J+---. (7) 
Substitution of (6) in (7) gives 
v’*(Vt) v'*(Viy’" (Vt) 6" (0) ¥/8(VE) 
S(t) =ay(Vt) +a*——_ +04] ~ -—- — " Jeet veers, (8) 
20’’(0) 29'’2(0) 6¢'’3(0) 


The first of these terms, ay(V1#), is exactly the recorded signal. The remaining terms are extraneous 
or “distortion” terms. The sum of the exponents of ay(Vt) and its derivatives in the mth term isn, 
so that this term may be called the ‘‘nth-order distortion”’ term or the ‘‘nth harmonic distortion” 
term. 

With (8) as a starting point we can obtain a similar formula for a laterally cut record. Let the 
XZ plane be taken in the plane of the record, the X axis along the groove, and the Y axis again 
vertical and thus perpendicular to the plane of the record. (See Fig. 2.) The groove is assumed to 
be cut by a wedge-shaped tool set in the YZ plane with its center line vertical. The apex of this 
wedge describes a path representing the signal to be recorded. This may be taken to be z=ay(x+V1) 
in the XZ plane. The recorded groove will then be generated by two sets of lines parallel to the 
YZ plane, each set passing through the curve z=ay(x+V?t), y=0, and each making an angle y with 
the Y axis, where y is the half-angle of the cutting wedge. 

Let the stylus tip, which we assume symmetrical with respect to reflection in the X Y plane, rest 
in the groove formed in this way so that it is tangent to the side walls at the points P and Q. The 
point P will have a component of motion along the line PR which may be determined by the same 
considerations as for the vertical case, except that the section shown in Fig. 1 is replaced by the 
section through PR perpendicular to the plane. Since the stylus is rigid, the line QS will be displaced 
accordingly. Similarly, Q and the line PR will be displaced in the direction QS. The actual motion 
of the stylus will be made up of these two components. It will therefore follow the motion of the 
intersection M of PR and QS. Let the coordinates of M be Y, Z. We replace a by a cos ¥ in (8) 
to obtain the motion of P along PR. 


Sp(t)=a cos yW(Vt)+-->. 
Since M must be at a distance D+ Sp(t) from the plane 
z cos y+y sin y=0, 
where D is a constant, it follows that 


Z cos y+ Y sin y=D+ Sp(t). (9.1) 





6 This type of solution of an implicit equation can be given a more elegant form by use of a Taylor expansion of the 
inverse of the given function. 
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Similarly, we replace a by —a cos in (8) to obtain the motion of Q along QS 
Sq(t)= —a cos yW(Vt)+--- 
and observe that W/ must also be at a distance D+Sq(t) from the plane 
zcos y—y sin y=0, 
whence 
Z cos y— Y sin y= —D—Sq(t). (9.2) 
Therefore, solving (9.1) and (9.2) for Z gives the lateral motion of the stylus as 
1 ‘ ‘ 
_=——— [ Sp(t) = Soa(t) ] 


2 cos 
otis v'Vew'(Vt) ¢’"(0)W'(V2) 


24""2(0) 6¢”3(0) 





=ay(Vt)+a* cos? | re cost y[--+]+---. (10) 


We see, therefore, that the tracing distortion resulting from the reproduction of a lateral cut record 
contains only odd powers of ay(Vt) and its derivatives, and furthermore, that the (2n+1)st power 
term is less than the corresponding vertical term by a factor cos?" y. 

From (9.1) and (9.2) we obtain also an expression for the vertical motion or ‘“‘pinch effect” motion?* 
of the stylus, 


1 ¥'*(Vt) 
Y=——[2D + Sp(t) + So(t) ]=——+ cot 7 cos ya" 
2 sin ¥ sin y 2¢''(0) 








(11) 


This contains only even-order distortion terms. 

The expressions (8) and (10) are expansions in increasing powers of the amplitude. It follows 
that if the energy of the first term of these expressions is considerably greater than that of all of the 
distortion terms, the energy of the leading distortion term will be correspondingly greater than that 
of the remaining distortion terms. Under such circumstances, it will be a good approximation to 
consider only the first one or two distortion terms. 

In the applications to follow, we consider only second- and third-order terms. We assume, further- 
more, that the stylus is symmetrical with respect to reflection in a plane perpendicular to the groove 
direction so that ¢’’’(0)=0. Also, $’’(0) is equal to 1/r where r is the radius of curvature of the 
stylus tip at the point of contact for zero recorded amplitude, taken for a principal cross section for 
the vertical case and for a section through the line PR (or QS) perpendicular to the YZ plane for 
the lateral case. For the sake of simplicity, we write ay(Vt)=q(Vt). Equations (8) and (10) now 
take the form actually used in the applications 


Sverticai (¢) _— q(Vt) + 3rq’*(Vt) + 3rq’?g''+ ss age (8’) 
Staterai (¢) _— q(Vt) + ay? qq” cos” y+ CER (10’) 


II. APPLICATIONS OF THE GENERAL FORMULAS 


Within the restrictions discussed in Section I, (8’) and (10’) are general formulas which give the 
tracing distortion for an arbitrary recorded signal g(V#). In the discussion to follow, (8’) and (10’) 
will be applied to a variety of recorded signals and tracing distortion problems. 

Suppose that g(Vt) is made up of a number of sinusoidal tones with velocity components V;, 
i=1, +--+. Then, the r.m.s. velocity of g(V#t), the fundamental, is 


Mm=(d Ved. (12) 


Substitute this g(V2) in (8’) or (10’). The mth-order distortion term will now be made up of a number 
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of harmonic and cross-modulation tones with velocity components V jn. The r.m.s. velocity of the 
nth-order distortion term is 


9 


eet r. } 
Vi=LX VinJ}?. (13) 
2 
The r.m.s. mth-order distortion may be defined® in terms of the velocity amplitudes as 


- 2 
Di=—=(E Vin/E VP (14) 


: ij 
and the total r.m.s. distortion may be defined as 


D=CEVAWN=LD LD Vn/D Ve} (15) 


(a) One tone 
If the sound to be reproduced is a single sinusoidal tone we have 

q(Vt) =a sin RV, (16) 

where k= w/V=27/wave-length of the groove modulation. Then the first extraneous term in (8’) js 
rq’? = }ra*k? cos? RVt= jra*k*Lcos 2kVt+1 ]. (17) 

This is the second-order amplitude-distortion term for vertical reproduction. The velocity amplitude 
of (17) is 

— Sra°k®V sin 2kVt 


and the velocity amplitude of (16) is 
akV cos kVt. 


The r.m.s. second-order distortion for vertical recording is, therefore, 
D.=kkakr, (18) 


which is exactly the result obtained by Pierce and Hunt.’ 
It will be found convenient to introduce the dimensionless quantities 


A :=k,a;; K,=k:r, (19) 
so that (18) may be written 
D.=3KA. (20) 


To express (20) in terms of 7, the radius of curvature of the stylus tip; a, the amplitude of the recorded 
signal; V, the groove velocity; and f, the frequency of the recorded signal, we note that kV =2zf, 
and 
A=ka=2naf/V, K=kr=2nrf/V. (19’) 
It follows that 
D2= 2’ arf?/V?. (20') 


To show the dependence of D2 on V; the r.m.s. fundamental velocity, we may substitute Vi:=akV 
=2zaf into (20’) to obtain 
D2=arVif/V?. (20”) 
The third-order distortion term for vertical recording may be treated similarly. 
$r2q’2q"’ = tr?(q'3)' = tr2a*k*[_cos* RVt)’ = — tr’a*k*Lsin 3kVi+sin kV]. (21) 
6 In our subsequent expressions for D2 and D3, (14) is modified by the deletion of tones of the same frequency as one of 


the fundamental components. 
7 Reference 2, Eq. (12) or reference 3, Eq. (14); in this case H2= Dz. 
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We delete the second term of (21) since it is of fundamental frequency and find that the velocity 
amplitude of the first term is 
— 3r’a®k® cos 3kV1. 


The r.m.s. third-order distortion for vertical recording is, therefore, 


D3;=32(kakr)?, (22) 


which is 12.5 percent greater than the result given by Pierce and Hunt. This discrepancy is explicable 
by the fact that their empirical relationship 


IT,,=(kakr)"—"/n 


was based on a schedule analysis which could not distinguish between the nth harmonic contribution 
arising from the mth-order distortion term and the contributions arising from distortion terms 
higher than the mth. 

We make the same substitutions as for the second-order case to obtain the analogs of (20), (20’), 
and (20’’). 





D;= §(KA)?, (23) 
67'r*a* ft 
D;= oe (23’) 
V4 
3 rr? V3? f? 
eee ae (23’”) 
2 V4 


Comparison of (8’) with (10’) shows at once that for lateral recording the third-order distortion 
is given by ; 
D31,= D3; cos? y= 3(KA)? cos? y. (24) 


Thus Eqs. (20), (23) and (24) summarize the results for harmonic distortion of single pure tones. 


(b) Two tones 
If the sound to be reproduced is made up of two sinusoidal tones of different frequencies, we have 


q(Vt) =a, sin kyVt+az sin keV, (25) 
the r.m.s. velocity of which is 


V; = J ‘Ta 7k v+a 2k? |}. 
The second-order distortion terms are 


rq? or 
- <a cos k\Vi+aek2 cos koVt }* 


r 
- 501°k17(cos 2k\wVt+1) + 4a22ko*(cos 2RoVt+1) +aykiaeks[ cos (ki +k2)Vt+cos (ki—k2)VE}}. (26) 


(26) contains the harmonic distortion terms which would arise separately from each component of 
the fundamental, and in addition, it contains sum and difference tones which are caused by cross 
modulation between the two component tones. From (25), (26), and the definition (14), we obtain 
the second-order distortion as 


rjartki® asthe’ +a1%ky"as%ko*| (ki tke)? + (ki — ke)? )]! 
D,=- - —__— ae (27) 
2| 17ky?*+a27k-2? 
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Fic. 3. Contours of constant percentage r.m.s. second- 
order distortion for two equal component tones (A1=A 2) Fic. 4. Contours of constant percentage r.m.s. second- 
for which (A,°+A,*)!=0.1. Distortion tones having fre- order distortion for two unequal component tones (2A ;=<4,) 
quencies higher than the assumed cut-off frequency, for which (A,2+A,*)!=0.1. Distortion tones having fre- 
fe-=1.25V/r are omitted. The inset shows single tone quencies higher than the assumed cut-off frequency, 
harmonic distortion values. fe=1.25V/r, are omitted. 


The substitution (19) gives 





1p, LfAvKe basket Ards (Kit K)*+ (Ki-Ko)?]]} 
aC Ene creme (28) 
2 A;?+A,? 


(28) has the same form as (20) and reduces to it if the frequency or amplitude of one of the terms 
is set equal to zero. A form analagous to (20’) can be obtained at once by the substitutions (19’) 


2r°r | ay fi®+ao'fo®+a Phrar*fe*l(fi + fo)?+ (fi — fo”) | \’ 


D:= aati (28 
Vv? | ay"f +a" fe 
To obtain the analog to (20’’), we make the substitutions 
fr=arf; fo=Cof; ai=d\a; d2=d,a 
and note that 
V; = (a 12h? +a 27ke")? V= 2a f(c\7d\?+¢27d>2)}, 
so that ; 
V; 
a=-— 
2a f(cr7d 7+ c27d»*)? 
These substitutions show that 
mr Vif dC 18 +d o'co8 +d 7d 276172" (Cx +2)? + (C1 —C2)* | ; yo" 
D,=——_|——_- - - : (28°) 





] r2 co 2d he oa cod? 2 


The factor outside the radical is just (20’’) except that f refers to the frequency scale factor rather 
than to a single frequency. It can be shown similarly, and it is important to note, that for any 
recorded steady-state signal, D2 will depend in this manner on r, Vi, V and f. The radicals in (28’) 
and (28’’) replace the factor ‘1’ in (20’) and are dimensionless quantities which depend only on 
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the ratios of the amplitudes and on the measures of the various component tones along the frequency 
scale f. 

To facilitate application of some of the results given in this section two types of contour charts 
have been plotted. In Figs. 3, 4 and 5 definite values of A; and Az have been chosen. In addition, 
it is supposed that there is a definite limiting, or cut-off, value Kz, such that no component of fre- 
quency corres sponding to K>K, appears in the output. On the region 0<K,<K,; 0<K2<K, of 
the Log Ki1—Log Kz plane, Dz could now be plotted. It will be more significant, however, if only 
the contributions to D2 arising from distortion components having frequencies less than Ky, are 
included. As a consequence of the assumption of a sharp cut-off frequency, the distortion values 
will change discontinuously as a second harmonic frequency or the summation-frequency reaches 
and exceeds the cut-off. The region 0<Ki<K 1, 0<K2<K_ is, therefore, divided into six sub- 
regions by the curves 2Ki:= Ky, 2K2=K_, and Ki+K2=K,. In each subregion continuous contour 
lines of constant percentage r.m.s. second-order distortion may be drawn. In practice, where the 
cut-off frequency is not ideally sharp, corresponding contours in adjacent subregions would merge 
into continuous, though perhaps irregular, contours. 

Results are plotted in Figs. 3, 4.and 5 tor two tones having a total energy represented by (A7-+-A7)} 
=V,/V=0.1. The ratio A;/Az is taken as 1, }, and } in the three figures, and the upper cut-off 
frequency is taken as K;=2.5z, corresponding to 10,000 cycles for stylus tip radius r=0.0025” 
and linear groove speed I’=20’’/sec. For comparison, single tone distortion terms falling below the 
cut-off are shown separately in Fig. 3. By interpolation, results for other values of A;/Az2 can be 
obtained. It is seen from (28) that percentages for different values of Vi/V or Kz (indicated by 
primes) can be obtained at once from the charts by modifying the percentages shown by the factor 


D2! /De=K 1! Vi /K1Vi=4K1'Vi'/aV. (29) 


A consideration of these charts or a comparison of (28) with (20) shows that the following useful 
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ry Fic. 6. Contours of constant pene r.m.s. third- 


order distortion for lateral reproduction for two equal com- 
Fic. 5. Contours of constant percentage r.m.s. second- ponent tones (A;1=A2) for which (A;?+4A,*)!=0.1. The 


order distortion for two unequal compone nttones(44;=A.) groove angle, 2y, =90°. Distortion tones having fre- 
for which (A,2+A,%)!=0.1. Distortion tones having fre- quencies higher than the assumed cut-off frequency, 
quencies Bape than the assumed cut-off frequency, f-=1.25V/r, are omitted. The inset shows single tone 
f-=1.25V/r, are omitted. harmonic distortion values. 





*R.m.s. percentage distortion is here defined as 100 (contribution to D from region below cut-off). 
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Fic. 7. Contours of constant percentage r.m.s. third- 
order distortion for lateral reproduction for two unequal 
component tones (24;=A:2) for which (A,?2+4A,?)!=0.1. 
The groove angle, 2y, =90°. Distortion tones having fre- 
quencies higher than the assumed cut-off frequency, 






Fic. 8. Contours of constant percentage r.m.s. third- 
order distortion for lateral reproduction for two unequal 
component tones (44:=A2) for which (A,?+4A,?)!=0.1, 
The groove angle, 2y, =90°. Distortion tones having 
frequencies higher than the assumed cut-off frequency, 





e=1.25V/r, are omitted. f-=1.25V/r, are omitted. 


criterion can be established. The second-order distortion of a two-tone fundamental of given total energy 
is of the same order or less than the second-order distortion for a single tone fundamental of the same 
energy and at the higher of the two frequencies. 

Figure 9 shows another possible type of contour chart. In testing for cross modulation, the two 
frequencies, 7000 cycles and 300 cycles, are commonly used in practice. Definite values of 


K,=(22fir/V) and Ke=(2zfer/V) 


are therefore chosen by assuming the values 


r=0.0025": 
f:1=300 cycles; 


V =20 inches/sec. 
f2=7000 cycles, 
so that 


K,=0.0757; K.=1.7! T. 


The power levels A,’, A.” of the two tones are taken as abscissae and ordinates and are expressed 
in decibels referred to A =0.1. Contours of constant percentage r.m.s. second-order distortion are 
shown by the solid lines in Fig. 9. In computing these contours the distortion tone 27000 cycles 
has been omitted since it is above the usual recording range. 

The treatment of the third-order terms can proceed in much the same way. Substitution of (25) 


into the third-order term of (8’) leads to 
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r2/2(q'2q"’) =ir2(q3)' =i? {| [Ai cos kiVt+A.2 cos keVt }*}’ = — 37° {4A Pki(sin 3kiVt+sin kyVt) 
+4Aiko(sin 3koVi+sin koVt) + 4A Aol (2ki+k:) sin (2ki+k2)VE 
+ (2k,:—ke) sin (2k;— ke) Vt+2ke sin koVt]+4A1A2*[ (Ri t2k:2) sin (ki+2k2)Vt 
+(—k,+2k.) sin (—ki+2k2)Vt+2k: sin kiVt]}. (30) 


As in the single tone case, we omit the fundamental frequency tones in computing the distortion 
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and obtain 


‘ i°K,'+A1'A o*[ (2Ki+K2) '+ (2K, —Kz2)*] 
. * +A1Ao'{(Ki+2K2)*+(—Kit+2K2)*]+9A2°Ko'>. (31) 
pent} ge 
“Vi 8 A?+A2? 


Equation (31) can be expressed in terms of other parameters as in Eqs. (20), (23) and (28). The 
treatment is the same as in the case of (28) and is therefore omitted. The dependence of D3 on the 
parameters r, Vi, V and the frequency scale f will have the same fundamental form as (23’’). 

To obtain D3:, the third-order distortion for lateral recording, we again use the relation (24). 
Figures 6, 7 and 8, which are analogous to 3, 4 and 5, show contours of constant percentage third- 
order distortion for the case of lateral recording with cos? y=} and the same values of A;, As, and 
K, used in Figs. 3, 4 and 5. Percentages for different values of Vi/V, Kx, y can be obtained by 
multiplying those shown on the charts by the ratio 


K1/ Vy’ cos y'fP 4K,/V)' 7 
-annieoansatet =2 cos? | : | (32) 
K Vi cos y r | 
If cos y’ is set equal to unity, Eq. (32) provides the multiplier to convert the third-order distortion 
contours of Figs. 6, 7 and 8 to corresponding values for vertical recording. 

As in the second-order case, a practical criterion is available. The third-order distortion of a two- 
tone fundamental of given total energy is of the same order or less than the third-order distortion of a 
single tone fundamental of the same energy and at the higher of the two frequencies. 

In Fig. 9, contours of constant percentage r.m.s. third-order lateral distortion (cos? y=}4) are 
shown by the dotted lines. The distortion tones 14,300/sec. and 13,700/sec. have been omitted 
since they are above the cut-off frequency assumed for the system. 


(c) n tones 
If the sound to be reproduced is made up of 7 sinusoidal tones of different frequencies, we have 


gVth=>\ ajsinkVt; i=1,---,n. (33) 


The r.m.s. velocity amplitude of this fundamental is 
Vi=VL> A? }}. 


The second-order distortion term is 


rg? or r cos 2k,Vt+1 
[>> A;cos evie=4| yr A?—. ; ——+¥ A;A,{ cos (ki; +k;)Vi+cos (.-2V] (34) 


1 ?>1 


2 2 
and 
yp, (LV APKetr seilachcsihlasiadiebias 
[; ee Seem. —— at. (35) 


“m| a | 


(35) is a general formula from which (20) or (28) can be obtained by setting n=1 or 2, respectively. 
Forms analogous to (20’), (20’’), (28’) or (28’’) can be obtained by the same type of substitution as 
in the previous sections and show, for instance, that the most general D, is proportional to the 
first power of r, Vi, and the frequency scale f, and to the inverse second power of V. 
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If every term in (35) is retained, a simplification is possible. Note that 


> A?A;*((Ki+K;)*+(Ki—K;j)*]=2 L A?A?K? 


j>i iA] 


(L AK,?)( A;*) = » A?A?PK P+) A,AK;?. (36) 
i j i 


ix j 


and that 


Equation (36) shows that (35) can be written 
ane a nn? 
5= : * 


a re i f 


Each of the sums in (37) is a single sum and can be evaluated more easily than the double sum of (35), 
Since each of the single sums is positive, we have the inequality 








I 


v2 
D2.<—(>_ A;?K;")'. 
=z 6% 


Also, if K max is the largest value of K; 


(X AFK#)!S(Kmax AP)! =KmaxA 
where A V = Vj, the r.m.s. velocity of the fundamental. Therefore, 
K neA 3 K maxA 


Do<v2 : 2 ao 2 ° (38) 





A practical criterion is, therefore, again available. The second-order distortion of an arbitrary steady- 
state fundamental is less than $ times the second-order distortion of a single tone fundamental with the 
same energy at the highest of the fundamental frequencies. (37) shows that the distortion will be near 
this upper limit only if most of the fundamental tones are close to K max. 

The third-order terms may be treated similarly. They are 





ray rs A; cos kVt |*}’ 
6 6 i 
= -E A*k,[sin 3kVt+sin kVt]+> A?A;{(2ki+k,) sin (2k: +k,)Vt 
i if i 
+ (2k; —k;) sin (2k;—k;)Vt+2k; sin RVt}+2 0 AiAjAiL(Ritkhj+hi) sin (Ri tk; +hi)VE 
+kitk;Fk,) sin (bk) —kiVi+(ks— k-th) sin (k;—k;+k,)Vt 
+(—ki tk; +k) sin (—Ri+R;+R,)VE]} (39) 
and 
9> A®K i+) AsA;*[(2Ki+K;j)*+(2Ki—K;)*]+4 > A2A;7A,2 ) 
a XCAR TRY KAKA KY HK AK TR) (OK AR TR 
a A s| > A? = 
. J 


In computing the percentage r.m.s. third-order distortion, terms in (39) and (40) which lie above 
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the cut-off are eliminated. If all are kept, a simpler expression, analogous to (37), is possible 





(3% ASK) +48(2, A’Ky ‘(Ai )+8(L APKy ghe2 A,?)? )! 
| -3(E AK, ME AP si 6(E Ai KN(E As) - SRL, AMR? ‘)(L APK:) 
1 
St an $  - ]- 
oat Ae J ~ 


Since each of the single sums in (41) is positive and since 
48(>° AAK?)(> A?K;)>39 + ASPKS 


we can write 


Ds<}{48(E A®K2)?+8(L APKs)(L A}! 
and in analogy with (38) 


2 3 os @ 
Ds; <-—(14) ; X—-(K maxA )? <-X-(KmaxA)?. (42) 
3 8 a6 


A practical criterion is again afforded. The third-order distortion of an arbitrary steady-state funda- 
mental is less than 3 times the third-order distortion of a single tone fundamental of the same energy at 
the highest of the fundamental frequencies. (41) shows that the distortion will be near this upper 
limit only if most of the fundamental tones are close to K max. 


(d) The continuous spectrum 


If the sound to be reproduced is made up of a large number of sinusoidal tones of different fre- 
quencies and if the energy of any one of these tones is small compared to the total energy, it will 
be a good approximation to treat this sound as if it were a continuous spectrum. The sums of the 
previous section may now be replaced by integrals. In (37) the second term in the numerator of the 
radical will now be negligible compared to the first term, corresponding to the fact that most of 
the distortion energy will be contained in the intermodulation components, which greatly exceed 
in number the pure harmonic components. Therefore, we may write 


D.=}3[2 > A?K;? ji, 


which goes over into 


1 


1 e , 
p.={2f PUK)K*“K | , (43) 
2L Yo 


where F(K) =the energy in units of A? which lies between K and K+dK. In (41) only the contribu- 
tions from the second and third terms of the numerator of the radical will now be important so that 


1 D 2 x - a 
d= 2( f M(K)K-dK ) +2/ J UK) KK ) ( f PKK) | (44) 


Equations (43) and (44) are expressions for the second- and third-order distortion of a continuous 
spectrum but tell us nothing about the frequency distribution of the distortion components. This 
distribution must be known if we are to compute the effect of a cut-off, and it is important in esti- 
mating the psychological effects of the distortion. 

We may investigate the distribution as follows. Begin by noting that the only important second- 
order terms for the m tone fundamental signal are given by the double sum in (34). The energy of 
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Fic. 9. Contours of constant percentage r.m.s. distortion 





f:=300 cycles; f2=7000 cycles; r=0.0025 inch; V=20 0 200 $00. 1000 8000 $000 10pe0 
inches per sec. The reference level for each coordinate CYCLES 

scale is a velocity amplitude of 2 inches per second. The 

solid lines show r.m.s. second-order distortion with the Fic. 10. A recorded fundamental spectrum, simulating 
component 14,000 omitted. The dotted lines show third- _ the distribution of maximum peaks in speech and orchestral 
order distortion for lateral reproduction with 2y=90°, and music, with exponential pre-emphasis reaching 0, 8, and 16 
the components 13,700 and 14,300 omitted. decibels at 10,000 cycles. 


this in units of A? is 
t > A4;°7A7((Ki+K,;)*+(Ki—K;j)?]. 


7>1 


This goes over into the following integral form for the continuous spectrum: 


1 o 
oS J PRD PRN AK + (Ki -KMK AK: 
0 


Ki>K2 
In this double integral the two parentheses (K,+K2)* and (K:i—K2)* represent contributions whose 
frequencies are specified by (Ki+K:2) and |(K:i—K2)|, respectively. Since we wish to evaluate 
separately the energy of the distortion components in different frequency ranges, we have maintained 
the identity of these parentheses and may now write the double integral as 


1 n a) 
-f f F(K,) F(K2)[ (Kit K:2)?+(Ki—K,.)? |dKidK,> 
0 0 


1 a) L 
-{ f F(K,) F(K2)( (Kit Ke)? |dKidKo, (45) 
167 _,7_, 

where, for mathematical convenience, we have take F(—K)=F(K). In order to isolate the energy 


associated with a given frequency, we transform (45) to the variables K=K,+K2; K’=Kz. The 
Jacobian surface element relation® is 


| 0K dK" 
8K, 0K;| 1 oO} 

dKdK' =| wea dK dK»,=dK Kz, 
0K 0K’! : 


| 


| 


| 


OKs 0K» 


® See, for example, W. F. Osgood, Advanced Calculus (Macmillan, 1925), Chapter XII. 
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so that (45) takes the form 
1 p* ¢ 
16 f f F(K — K’) F(K')K*dKdK’. 
Ce 


Express this as a repeated integral 
e « x 
8 J KeaK | F(K —K') F(K’)dK’. 
8 vo Ss 


In this expression, the summing of contributions to a given frequency, K, is performed by the 
inner integral. The integrand of the outer integral is therefore the energy of second-order distortion, 
which lies in the range K to K+dK or 


K? f* 
F(K)=— J F(K —K') F(K’)dK’. (46) 
8 J_, 
Similarly, the important third-order terms are given by the triple sum of (39). The energy of this 
in units of A? is 


1 
‘a > A?4;*4.20(Ki+K;+K,)!+(Ki+K;—K,)!+(Ki—K;+K,)!+(—Ki+K;+K,;)‘], 
i>j>k 


which goes into 


1 x 
- J J J F(K1) F(Ks) F(Ks)((K1+Ko+Ks)*+(Ki+-K2—K;)*+(Ki—K1+K;)! 
1 


1 L L L 
+(—K,+K.+K;)! |dK dK.dK;= ; f f f F(K,) F(K2) F(K3)(Ki+K2+ K3) ‘dK dK odK3. 
192 J_.7_,o _» 


Let Ki+K2+K3=K; K.+K;=K’; K;=K”. The triple integral becomes 


1 a L L 
f Kuk f F(K—K')dK’ [ F(K'—K")F(K")dK", 
96 H5 —w ~w 
and 
K4 L oa) 
F,(K) =- f F(K—K\dK [ F(K'—K") F(K")dK" (47) 
96 = —20 


is the energy of third-order distortion which lies in the range K to K+dK. 

These formulas have been applied to the spectrum O shown in Fig. 10. This spectrum is taken 
from the data of Sivian, Dunn, and White!’ as an approximate outer envelope of peak intensity 
distributions in speech and music. (Our argument is, of course, applicable only to simultaneous 
tones having this distribution.) It was found convenient to replace K in the above integrals by 
frequency in cycles per second. The substitutions 2arf/V=K and \P(f)=F(K) were made. \ was 


determined by the energy relation 
A2rr ¢”* vay" 
rf poae({). 7 


In some cases the integrations (46) and (47) could be carried out analytically, but here it was found 


” Sivian, Dunn and White, J. Acous. Soc. Am. 2, 330 (1931). 
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emphasized fundamental spectra shown in Fig. 10. The emphasized fundamental spectra shown in Fig. 10. The 
total energy of the continuous spectrum is assumed equiva- __ total energy of the continuous spectrum is assumed equiva- 
lent to that of a single tone having the velocity amplitude lent to that of a single tone having the velocity amplitude 
2.0’"/sec. r=0.0025”; Vi/V=0.1. 2.0’ /sec. r=0.0025"; V:/V=0.1. 


convenient to use the perfectly general method of numerical integration. In computing Figs. 11, 
12 and 13, this integration was carried out for 1, 2, ---10 kilocycles. The curve marked O in Fig. 11 


is a plot of the quantity 
FK)}) (F: a(2arf V) V: (f) 
fae Cae Fa 
F(K) \P(f) Vi(f) 


for r=0.0025 inch, V,;/V=0.1. It is easily seen that the ratio (49) and Dz depend similarly on these 
parameters; that is, both are proportional to the first power of r, the first power of 1; and the 
inverse square of V. Similarly, the quantity V3z(f)/Vi(f) is shown by the curve O of Fig. 12 and 
depends in the same manner as D; on r, V and Vj. 

It is well known that the objectionable character of the (surface) noise encountered in sound- 
reproducing systems can be reduced by using a reproducer-system response characteristic which 
falls off gradually at the higher frequencies. In order to preserve the over-all fidelity of the system, 
it is, of course, necessary to “‘pre-emphasize” the high frequency components during recording by 
an exactly complementary equalization. This is most conveniently done by using an equalizer 
circuit, characterized by a simple time constant, which has the effect of multiplying the recorded 
velocity amplitude by a factor increasing exponentially as the frequency varies from zero to cut-off. 
Curves marked 8 and 16 in Fig. 10 show the effect on the assumed peak spectrum of two degrees 
of pre-emphasis, yielding high frequency ‘‘boosts” of 8 and 16 decibels, respectively, at 10,000 
cycles. Equations (46) and (47) have been used to compute the second- and third-order tracing 
distortion spectra exhibited in Figs. 11 and 12. 


(e) Rerecording 


MacNair has pointed out" that if a vertically recorded sound is rerecorded with the same amplitude 
and record velocity, if the two reproducer stylus tip radii are the same, but if the phase of the second 
recording is inverted, the tracing distortion is materially decreased. It can be shown, in fact, that if 
there were no cut-off, the cancellation for a spherical stylus tip would actually be complete. 

Let us simplify the mathematical treatment of this subject by assuming the same cut-off at 
K=K, for the recorder, rerecorder, and reproducer. If the sound to be reproduced is q(V?) the 
recorded signal will be g.(V’t) where the subscript c means that values of K above K, are eliminated. 





11 MacNair, discussion following reference 3. 
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The intermediate signal is 





rg? 1g) 
athe. 
2 6 , 
The rerecorded signal is therefore 


rg.'* 3) 








2 6 
so that the rereproduced signal is 


rqe'? = *(qo"*)" ome a re a F 
jae >  -. —-+- os | -| —de+146 2— (q. ‘el+-[2ae (q- de he (CE "Ge e— (Ge *g,'") 


— c 


= —getPige [(ge'ge”)e—Ge' Ge }+°**. 
The tracing distortion below Ky, is 


rge! (Qe'Ge’) 2c (50) 


Care must be taken to give a correct interpretation of the parenthesis (q.’q.’")2- in (50). The sub- 
and superscripts on this parenthesis indicate that when (50) is evaluated, one must take only those 
frequencies from the expression q.’q.’ which lie in the range K,; to 2K_. Thus, if K, corresponds 
to a frequency of 10,000 and there are fundamental components of 6000 and 8000, the tone 14,000 
must be retained in the computation, but the tone 2000 must be discarded. Since the cut-off is at 
10,000, this may seem paradoxical, but it must be remembered that the output contains components 
of (50) and not of (q.’q-’’)2- itself. (50) is a third-order term and will be of the order of }r°q’*q’’ if 
an appreciable fraction of the energy of the fundamental lies in the range }K,;, to K,, but will vanish 
if the fundamental lies entirely in the range below }K_. In this latter case, the first nonvanishing 
tracing distortion terms will be of higher order. 

Particular cases can be worked out as in Ila, IIb, IIc, and IId. In illustration, we will obtain 
the analogs to (46) and (47). The continuous spectrum was obtained as the limiting case of the 
spectrum 


qVt)=>> a;sinkVt; i=1,---n 


for which 


q' (Vt) =>. a;k; cos RVt= > A; cos kV. 


Similarly, we can write 
go’ (Vt) = 3(rq’*)’ =r(q'q") => By cvs kt, 
7 


so that (50) may be written 
Y 


r(>> A; cos k:Vt)(> B; cos kV), -- ~A [B;}:.[cos (ki +k )Vi+cos (ki—k,)VE], 


Nm | 
~ 


of which the velocity amplitude in units of A is 


—3(> A {Bj Joc (K:+K)) sin (ki +k) Vt+(Ki—K;) sin (ki—k,) VE] 
and the energy” is 
iD AL B;*]2-[(KitK;)?+(Ki—K))’]. 
42 


As in IId, we convert this to the integral form and proceed. The energy F2(K) of the second-order 


H 4 ’ Ad ‘2 . Cc . . . . . . - . 
= Since the parenthesis (g-’ge’")2e is made up of q, and its derivative, it can be objected that the question of phase is 
here insufficiently treated. A more detailed consideration shows, however, that the steps as written are correct. 
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distortion which lies between K and K+dK is given by (46) so that the double sum goes over to 
1 r” 7” ; 
J J F(K1)[ F2(K2) Joel (KitK2)?+(Ki—K2)* dK dK» 
0 0 
1 fr” 7” ; 
=f f F(K,)(F2(Ke) Joel (KitK2)* dK dK,, 


As before, the substitutions K = K,+K.; K’= Ky, are made. The double integral becomes 


1 x ya - 
-{ Kuk | F(K —K’)[ F.(K') }2.dK’. 
4 J, ci 
The energy of distortion which lies in the range K to K+dK is therefore 


K? L A - 
(F(K)]e= f rK-K)K"aR| f PUR? —K") F(R)" , (51) 
> a 


x 2c 


This formula has been applied to the spectrum O shown in Fig. 10. In Fig. 13 the quantity 
Vsr(f)/Vi(f) is compared with the corresponding lateral distortion quantity V3z(f)/Vi(f) and is 
seen to be of the same order of magnitude. Since (50) is a third-order term, V3r(f)/Vi(f) will depend 
on r, V;, and V in the same manner as V3z(f)/Vi(f) and D3, that is, it will be proportional to the 





square of r, the square of V;, and the inverse fourth power of V. 


SUMMARY AND DIsCUSSION 


In the first section of this paper a general 
solution is offered for the geometrical problem 
of tracing distortion. In the following section 
these formulas are applied to distortion calcu- 
lations for a variety of recorded signals ranging 
from single tones to a continuous spectrum. For 
single tones the graphical solutions of a previous 
paper are replaced by simple formulas for the 
second- and third-order harmonic distortions 
chiefly characteristic of vertical and lateral 
recording, respectively. The representation of 
the distortion computations for two-tone signals 
is more complex, but contour charts are presented 
to exhibit the behavior of all distortion products 
falling within the useful frequency band ex- 
tending to an arbitrary cut-off frequency. 
Attention should be called to the fact that the 
assumed r.m.s. velocity amplitude for Figs. 3-8 
and 11-13 is considerably lower than that 
commonly encountered on commercial disk 
records. Appropriate multipliers [Eqs. (29) and 
(32) |] must, therefore, be applied to the contour 
values to make the distortion figures typical for 
current practice. 

Application of the general formulas to the case 
of an arbitrary steady-state signal comprising 


. 


any number of pure tones has enabled an upper 
the total 
distortion of second and third order, including 





limit to be established for r.m.s. 
all harmonic and cross-modulation products. 
On the other hand, a computation of the distor- 
tion products for a continuous recorded spectrum 
establishes a lower limit for the tracing distortion 
spectrum, inasmuch as only cross-modulation 
products contribute significantly. Unfortunately, 
the range included between these upper and 
lower limits is too great to allow the assignment 
of tolerable recording levels until more detailed 
information is available concerning the instan- 
taneous distribution of energy within the 
recorded spectrum. For example, the curves of 
Fig. 12 would indicate that no large increase in 
distortion occurs in reproducing the 16-db pre- 
emphasized continuous spectrum of Fig. 10; 
yet the addition of a few prominent tones to this 
spectrum in the region above 2000 cycles will 
result in intolerable distortion. Thus, although 
recording levels cannot be specified on this 
basis without further information concerning the 
signals to be recorded, the foregoing analysis 
may be extended to a detailed consideration of 
new information on spectral distribution by 
unambiguous procedures. 
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RELATIVE VELOCITY AMPLITUDE 





3 4 
KILOCYCLES 


Fic. 13. Comparison of third-order lateral distortion and 
third-order rerecorded vertical distortion of spectrum 0, 
Fig. 10. 


It should be emphasized that this analysis 
assumes throughout an idealized contact relation 
between the stylus tip and the record groove, 
whereas in practice some deformation of the 
groove wall always occurs. (Otherwise the 
bearing pressure under the stylus would be 
infinite.) It is further assumed that in reproduc- 
tion of lateral-cut records the intimacy of the 
stylus-groove contact is not altered by the fact 
that the stylus must execute a vertical motion 
corresponding to the second-order distortion 
terms. This assumption is almost universally 
violated in commercially available lateral-cut 
reproducing equipment. It does not appear 
justifiable, therefore, for proponents of lateral- 
cut systems to claim the elimination of even- 
order distortion terms unless this assumption is 
shown to be unnecessary, or until the claim is 


restricted to reproducing equipment satisfying 
the assumption. 

On the other hand, when the assumptions of 
this analysis can be satisfied in practice, the 
general formulas predict a large inherent ad- 
vantage in the lateral-cut recording system. 
MacNair’s prediction of distortion reduction 
through rerecording of vertical-cut records is 
confirmed, but it is shown that this added 
operation leads to no significantly lower distor- 
tions than are obtained directly through lateral- 
cut, unless the cut-off frequency for the vertical 
system extends significantly beyond the cut-off 
frequency for the lateral system. 

In conclusion, it should be said that the 
geometrical problem of tracing distortion con- 
sidered here is only one of many possible types 
of distortion which may disturb the complicated 
process of recording and reproducing a signal. 
At the same time, a study of this source of 
distortion is a study of the means of reducing 
the distortion. Higher groove velocity, restricted 
amplitudes for high frequency components, and 
smaller radius of curvature for the stylus tip all 
lead to reduced tracing distortion, although the 
latter cannot be altered advantageously without 
altering the standard groove shape. 

Finally, we observe that if the record groove 
had been embossed with a recording stylus 
identical in shape with the reproducing stylus, 
instead of being engraved with a flat, wedge- 
shaped cutting tool, the tracing distortion would 
have disappeared. Alas! Then this paper would 
not have been written. 
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Notes on Phonograph Pick-Ups for Lateral-Cut Records 


LAWRENCE FLEMING 
3931 Fourth Street North, Arlington, Virginia 
(Received September 25, 1940) 


ITH music recorded on disks growing in- 
creasingly popular, it becomes of interest 
to find what is required to play the records best. 
If a stylus be made to follow exactly the groove 
on a phonograph record, then its motion will be 
reproducing the modulation of the groove with- 
out any distortion. If an electrical generating 
element, such as a moving coil, be rigidly coupled 
to the stylus, then the output of that element 
will necessarily reproduce the stylus motion 
without any distortion. Two things tend to 
prevent the stylus from executing the same 
motion as the original cutter which recorded the 
disk. The first is tracing distortion, which has its 
origin in the discrepancy in shape between the 
chisel-like cutter and the rounded reproducing 
stylus. This type of distortion has been treated 
at length in a well-known paper by Pierce and 
Hunt.'! Being a matter of groove geometry, it 
is of primary interest in the recording process 
rather than in reproduction; and will appear 
later in this discussion in connection with pinch 
effect. 

The second consideration is the effect of the 
force which the record groove must exert on the 
stylus to make it vibrate. This force determines 
directly the minimum stylus pressure required 
for proper ‘tracking,’ and it is a function of 
the amplitude and frequency of the recorded 
wave and of the mechanical impedance which the 
stylus tip presents to the record. This considera- 
tion is fundamental in the matter of pick-up 
design, and will be taken up in some detail. 

The mechanical impedance depends on the 
frequency, and on the effective mass, stiffness, 
and damping of the reproducer. The stiffness is 
simply the ratio of force to the static displace- 
ment it produces, F/s, measured at the stylus 
tip. An easy way to measure it is to hang 
weights from the stylus and measure the deflec- 
tion by means of a mirror cemented to some 


‘J. A. Pierce and F. V. Hunt, “Distortion in sound 
reproduction from phonograph records,” J. Soc. Mot. 
Pict. Eng. 31, 157-186 (1938). 
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part of the vibrating system.” Typical values jp 
pick-ups are of the order of 10° to 10X10 dynes 
per cm. 

Damping is usually assumed to be viscous 
damping, exerting a reaction force proportional 
to the velocity of motion. Oil bath damping, 
such as the early Western Electric and Pacent 
pick-ups used, has this characteristic. Viscoloid 
is its present day counterpart. 

The effective mass is the ratio F/a of applied 
force to the acceleration it produces at the 
stylus tip. It is the controlling factor at high 
frequencies; and the stiffness governs in the 
middle and bass range. The moving system of a 
lateral pick-up is always, in effect, pivoted at 
some point, about which the stylus moves 
through a very small arc, and hence its effective 
mass is not the same as its actual weight. To 
show the relation between the two, Fig. 1 shows 
a generalized vibrating element pivoted at B, 
and carrying a stylus S at its lower end. From 
Newton's laws of motion, 


Torque T= Fl=Ia=Ia/l, 
where J is the moment of inertia about the axis 


through B, a is the linear acceleration of the 
stylus tip S, and F is the applied force. Since 


Fl=TIa/l, 
the effective mass 
,. £ 
m=—-=—. 
a /? 


8 


I Fic. 1. Generalized 


vibrating system of a 
pick-up. 


F 


2 George W. Downs and William Miller, “A D’Arsonval 
reproducer for lateral recordings,’”” Communications, p. 19 
(Oct., 1938). 
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For the simple case where the moving element 
is a thin rod of total weight .V pivoted at one 
end, the effective mass m is M/3. 


RELATION OF STYLUS AND GROOVE SECTION 


Figure 2A illustrates the relation between 
stvlus and groove which will be used in the 
following analysis. It is the relation assumed by 
Pierce and Hunt in their investigation of tracing 
distortion.! So far as the author knows, no 
photomicrographs of actual styli with cross sec- 
tions of the grooves into which they fit have ever 
been made public. It appears to be a matter of 
speculation as to how they actually do fit, but the 
assumption made above seems to stand best the 
test of logic. It has often been stated that the 
actual manner of fit should be the hand-in-glove 
variety, as in Fig. 2B. Manifestly, if the radius 
of curvature 7 of the stylus tip is smaller than 
the radius at the bottom of the groove, there 
will be one-point contact as in Fig. 2C, and the 
stylus will tend to slew about during modulation. 
If the radius 7 is slightly larger, two-point contact 
will result, as we assumed to start with. If the 
two radii are exactly the same, the type of fit 
illustrated at Fig. 2B will obtain, but the radii 
must be exactly the same. The tolerance would 
have to be small compared with the amplitude of 
the modulation. An amplitude of 0.0001 inch 
represents full modulation at 6000 cycles under 
the usual conditions. Hence the only way such 
a close fit could be attained in practice would 
be through elastic deformation of the stylus and 
the groove under large unit pressure, or through 
abrasive material in the record grinding the 
stylus to shape. This is probably what happens 
when commercial shellac pressings are played 
with steel needles. For playing acetate disks with 
a sapphire, or in any system intended to be 
high fidelity, however, the two-point contact of 
Fig. 1A is the only reasonable assumption. 


StyLuS REACTION AND TRACKING 


The wall of the groove must exert forces on the 
stylus in making it vibrate. The relation of these 
forces to the constants of the moving system of 
the pick-up is of fundamental importance. In 
Fig. 14, P is the static pressure of the pick-up 
head on the record, and F is the force which 


the groove wall is exerting on the stylus tip in 
overcoming the inertia, stiffness, and damping of 
the moving system. F is shown as its two com- 
ponents, which are equal because the standard 
groove wall is inclined at approximately 45°. 
Only the vertical component need be considered. 
If F becomes greater than P, the stylus will be 
forced momentarily out of contact with the 
groove. Roughness will appear in the output; 
the stylus will not be “tracking.” With sine wave 


abe 
| PAL, 


Fic. 2. Relations of stylus and groove. 


modulation of the groove, F varies sinusoidally 
and out of phase, like the current in a reactive 
circuit; it is the vector sum of the forces due to 
mass, stiffness, and damping. It is necessary to 
find the relation between these mechanical con- 
stants, and the amplitude and frequency of the 
modulation, and the reaction F which deter- 
mines the minimum stylus pressure P. The 
fundamentai limitation is P, which is determined 
by the rate of wear of the record. 

In a test reported by Olney? using steel needles 
at the usual 2-ounce pressure, a standard shellac 
record was completely worn out after 185 play- 
ings. A recent trial reported by the Brush 
Manufacturing Company‘ however, made with a 
sapphire stylus on a similar record at a pressure 
of 1 ounce (28 grams) gave “no objectionable 
wear after 2000 playings.” It is common ex- 
perience that home phonographs wear the records 
quite rapidly. The author has regularly used a 
series of homemade permanent-stylus pick-ups 
for two years, with no noticeable wear on the 
records. The evidence, then is that the maximum 
pressure for shellac records is about 1 ounce. 

The relation between the mechanical constants 
of the pick-up, the recorded wave, and the 








3B. Olney, ‘‘Phonograph tracking,’’ Electronics, 10, 19 
(Nov., 1937). 

4 Brush Strokes, 4, 5 (Dec., 1937). (Published by Brush 
Mfg. Co., 3322 Perkins ave., Cleveland, Ohio.) 
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400 300 /000 10,000 

FREQUENCY 
CURVE m (GRAMS) s (DyNEs/cM) DAMPING (R) 

A 0.025 3 X108 none 
B 0.025 3 X106 critical 
Gc 0.050 6 X108 critical 


Fic. 3. Calculated reaction of groove on stylus (minimum 
pressure required for ‘‘tracking’’) for various combinations 
of mass, stiffness, and damping. 


reaction F was analyzed by Keller® in 1929, for 
vertical recording. The same relation holds for 
the lateral case, if the groove walls are inclined 
at 45°: Mechanical impedance Z = 


F s\2\2 
<= (R+( mo ) ) . (1) 
V w 


where V is the peak vibrational velocity of the 
stylus, R is the damping factor of the vibrating 
system in dynes/cm/sec., m the effective mass in 
grams, and s the compliance in dynes/cm. The F 
obtained is of course the peak value. 


V=Aa, 
where A is the amplitude of the modulation, w is 
2m X frequency. 
CURVES 
If we assume a set of constants for the vibrat- 
ing system and plot F as a function of frequency 
in Eq. (1), we obtain a good picture of the be- 
6 A. C. Keller, U. S. Patent 1,981,793 (Nov. 30, 1934). 


havior of the pick-up. Figure 3 gives three such 
curves, for pick-ups playing on an ideal fre. 
quency record. The groove is assumed to be 
modulated at constant amplitude below 309 
cycles, and at constant velocity V above that 
frequency. Most recorders have this charac. 
teristic. The amplitude is 0.002 inch at 300 cycles 
(0.0051 cm). V in the constant velocity range is 
hence 9.8 cm/sec. 

Because of the record characteristic, the curves 
level off below 300 cycles. Below the pick-up’s 
resonant frequency of 1720 cycles, the stiffness 
of the system supplies most of the reaction F: 
above 1720 cycles, the mass reaction predoni- 
nates. The component due to R is independent 
of frequency while V is constant, and becomes a 
smaller and smaller percentage of the total F as 
the frequency limits are approached. The 50- 
milligram system of curve C is the heaviest that 
will follow 10,000 cycles and meet the require- 
ment of approximately 1-ounce pressure, on the 
frequency record. 


PROPORTIONING ™ AND 5S 


The reason why the curves of Fig. 3 are sym- 
metrical in the constant velocity range is that m 
and s were chosen so as to resonate at a fre- 
quency equal to the geometric mean of the 
limits 300 and 10,000. This is desirable, as 
Keller®> has pointed out. The mechanical reso- 
nance formula is 


1 
f=— 


, 
2r(m/s)} 


m and s having the same meanings as in Eq. (1). 

The idea that the resonant frequency should 
lie outside of the usable range, instead of in the 
middle of it, is valid for microphones, where 
the moving system is driven through an elastic 
medium; but it is not true for the case of the 
phonograph pick-up if the pick-up is properly 
designed. 


DAMPING 


Ideally, the pick-up should need no damping, 
because it is not free to resonate. The stylus is 
positively driven. It is not subjected to a force, 
but to a displacement. In actuality, however, a 
small amount of damping is usually necessary to 
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kill transients caused by dust and by the rough- 
ness of the record surface. Undamped, the pick- 
up may show no peaks on a frequency record 
run, but the surface noise will usually have an 
unpleasant ringing quality. The damping factor 
is dificult to measure, but a fair assumption 
seems to be that critical damping, or at most 2 
or 3 times the critical value, should be enough 
in practice. In the pick-ups the author has built, 
a thin triangular sliver of Viscoloid about 0.02 
inch thick and } inch long, cemented at its apex 
to the stylus and at its base to the frame, was 
usually enough to eliminate the audible effects of 
resonance. The condition for critical damping is 


R=2m\/s. 


Its effect on the mechanical impedance and the 
reaction F is not large, as a comparison of curves 
A and B in Fig. 3 will show. 


CORRECTIONS FOR ACTUAL MUSIC 


The curves of Fig. 3 were based on a fre- 
quency record which followed the characteristic 
of the usual cutting head, driven by an audio- 
oscillator of constant voltage output. It is well 
known that in actual speech and music the dis- 
tribution of acoustic power is not uniform with 
respect to frequency. The original data of Sivian, 
Dunn, and White are reproduced on page 174 
of the Pierce and Hunt article mentioned before,' 
giving curves of peak power as a function of 
frequency. Table I summarizes the data in an 
approximate form convenient for our purpose. 

If, instead of assuming a constant velocity 
record, we assume a_ recorded wave whose 
velocity drops off at the high and low frequencies 
according to the factors in the table, the effect 
on the reaction curves, such as those in Fig. 3, 
is interesting. The rise in the force F toward 








TABLE I. 

FREQ. RELATIVE VOLTAGE 
30 0.16 
50 0.25 
100 0.50 

200-2000 incl. ¥. 

3000 0.63 
5000 0.40 
7000 0.29 
10000 0.20 
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19,000 


Fic. 4. Calculated reaction of groove on stylus, corrected 
for distribution of power vs. frequency in actual music. 
m (grams)—0.05; s (dynes/cm)—1.5 X 10°; damping (R) 
—critical. 


the high frequency end is completely wiped out. 
In order to get a curve as near to a horizontal 
line as possible, it becomes necessary to change 
the proportions of mass and compliance. 

Figure 4 is a corrected curve calculated in this 
manner. The stiffness c of the pick-up has been 
reduced to a quarter of the value which gave 
optimum results on the constant velocity basis. 
A vestige of the former parabolic shape can be 
seen in the 300—2000-cycle region. 

It is common experience that more needle 
pressure is necessary to make a pick-up play 
smoothly on a frequency record than on a 
musical record. The requirement of low mass in 
the vibrating system which is imposed by the 
high reaction forces at high frequencies, is much 
less stringent in the latter case. The stiffness 
becomes more nearly the controlling factor, 
particularly since the loudest peaks in music 
occur around 300 cycles, where the recording 
amplitudes are inherently large. 

The mechanical constants which have been 
arrived at are much smaller than those of the 
usual pick-ups on the market. Descriptions of a 
number of reproducers of advanced design have 
appeared in print however, giving values, for 
these constants, not inconsistent with the theory. 
Pierce and Hunt® and Downs and Miller? have 
described permanent-stylus, dynamic type repro- 
ducers with values of m of 50 and 25 milligrams, 
respectively. The resonant frequency of the 
Miller instrument is about 1200 cycles. The all- 
time low mark in record loading appears in a set 


6 J. A. Pierce and F. V. Hunt, Electronics 11, 9 (March, 
1938). 
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Fic. 5. Calculated peak vibrational velocity of vertical 
motion caused by pinch effect at 3000 cycles. 


of constants given in U. S. patent 1,960,007 to 
H. C. Harrison of Bell Telephone Laboratories, 
for a vertical pick-up intended for playing soft 
wax masters. m is 1.5 milligrams, s is 0.35 10° 
dynes/cm, and the operating stylus pressure 2 
grams. 

Another scheme which will work is to arrange 
a reducing lever system between the stylus and 
the actual electrical generating element of the 
pick-up, to reduce the mechanical impedance at 
the stylus. Hasbrouck of RCA has described a 
magnetic reproducer designed on this basis.’ 
Small masses here are not so difficult to attain 
as they might seem. For example, a bar-like iron 
armature 2 mmX} mm X1 cm would weigh 80 
milligrams, and, pivoted at one end, would have 
an effective mass of 27 milligrams. A moving iron 
pick-up of low mechanical impedance developed 
by the writer will be described presently. 


PINCH EFFECT 


The phenomenon of pinch effect in general 
makes it necessary to design a lateral pick-up so 
that the stylus is free to move vertically through 
small amplitudes. The effect was noted by 
Olney’ and its connection with tracing distortion 
has been pointed out by Pierce and Hunt,! who 
showed that in lateral reproduction the even 
harmonics in the tracing distortion cancel out 
and appear as pinch effect. The distortion for- 
mula given in the Pierce and Hunt paper when 
solved for the second harmonic, gives the magni- 
tude of the pinch effect, but with an error of 1/v2. 


7H. J. Hasbrouck, ‘Improving fidelity of disk records 
for direct playback,” J. Soc. Mot. Pict. Eng. 32, 246-251 
(March, 1939). 
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The writer understands that the formula for the 
effect was derived correctly by Lewis.* The 
writer’s own derivation is given, for good meas. 
ure, in the Appendix. 

Briefly, the mechanism of the effect is as 
follows: The chisel-like cutter used in recording 
always faces in the same direction, while the 
direction of the groove which it cuts changes 
throughout the cycle. Hence, the actual width of 
the groove changes, and in doing so it pinches 
the spherical tip of the stylus, forcing it up and 
down. The frequency of the vertical motion js 
twice the frequency of the lateral motion which 
induces it. 

If this effect is appreciably large, it is evident 
that the stylus of the pick-up must be able to 
execute this vertical motion in order to remain in 
contact with the groove. If the effect is small 
enough, the motion may be absorbed by elastic 
deformation of the groove. 

If the amplitude of the vertical motion becomes 
a sizable fraction of the lateral amplitude, it will 
produce very large accelerations (being at double 
frequency) which a vibrating system of any 
reasonable mass could not follow. Fortunately, 
the vertical amplitudes turn out to be quite 
small under most conditions. The formula de- 
rived by the writer is: 


> 


V,,=0.35re V2/22, 


where V' and V, are the peak vibrational veloci- 
ties of the lateral modulation and the vertical 
motion, respectively, 7 is the radius of the stylus 
tip, and v is the linear velocity of the groove 
past the pick-up. The derivation is given in the 
Appendix. 

Figure 5 is a curve of V, versus V under 
typical conditions where the pinch would be 
large. The frequency is 3000 cycles, v is 29 
in./sec. (the speed at 3}-in. radius, 78 r.p.m.); 
and r is 0.002 in., the usual size. Point A on the 
curve, where V is 3.8 in./sec., corresponds to 
standard full modulation at the frequency chosen. 
Here V, is about 6 percent of V, or, in terms ofa 
hypothetical power ratio, 26 db down. If we 
assume the total mass of the vibrating system, 
which is presented to vertical motion, to be 150 
milligrams, the upward reaction force induced 
by the pinch will be about 1.3 grams, which is 








8\V. D. Lewis, J. Acous. Soc. Am. 12, 462A (1941). 
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hardly noticeable compared to the reaction in- 
duced by the lateral vibration itself. Hence if 
the moving system is suspended so that it is 
free to move vertically through small amplitudes, 
it will have no difficulty in following the pinch. 
Another advantage of this kind of suspension is 
that it lessens the danger of chipping the stylus 
if the pick-up head is accidentally dropped. 

It is interesting to note that in the conven- 
tional needle-chuck pick-up, the ‘‘rake”’ angle at 
which the needle slants back from the vertical 
will operate to allow enough vertical motion to 
take care of pinch. This degree of freedom comes 
from the flexibility of the needle itself. A calcu- 
lation applying the usual cantilever beam deflec- 
tion formula to a typical steel needle shows that 
a force of about 3 ounce will deflect the needle 
tip 0.0001 inch (which is, for comparison, the 
amplitude of a fully modulated groove at 6000 
cycles, at the usual constant velocity). This may 
account for the fact that ordinary pick-ups with 
larger angles of rake often sound smoother than 
those where the needle is more nearly vertical. 
This flexibility, by the same token, will drop the 
high frequency response. 


EXAMPLE OF CONSTRUCTION 


Figures 6 and 7 illustrate a magnetic repro- 
ducer which the writer has developed. It plays 
commercial shellac pressings cleanly at 20 grams 
stylus pressure; tested on a commercial fre- 
quency record its output shows no particular 
deviation from the calibration of the record itself 
over the 50—10,000-cycle range. The output is on 
the order of 0.1 volt through a suitable trans- 
former. Hum pick-up is very low. Figure 6 





Fic. 6. Magnetic pick-up designed to meet 
calculated conditions. 


includes a conventional armature for size com- 
parison. 

The weight of the armature and stylus is about 
70 milligrams. The stiffness of the system as 
measured at the stylus with the help of an 
optical lever arrangement is 1.4X10° dynes per 
cm, and the resonant frequency is 1050 cycles. 
Calculated from these last two constants, the 
effective mass is 33 milligrams. 





SAylus tr] Le 


Fic. 7. Vibrating system of magnetic pick-up of Fig. 8. 


The mass and stiffness, as well as the frequency 
response, are somewhat similar to those of the 
Miller pick-up.2 Nor is there any reason to 
believe that the performance is substantially 
better or worse than that of the Miller, Has- 
brouck, or Pierce and Hunt devices previously 
mentioned. In the writer’s opinion, a pick-up can 
be made which will play exactly what is on the 
record (except for tracing distortion), provided 
merely that the mechanical impedance falls 
within the proper range, that the moving system 
is rigid within itself, and that it is free from 
spurious modes of vibration within the repro- 
duced range. In the present pick-up, the moving 
iron principle is used because it makes the job 
of construction far less exacting than with the 
moving coil type, and because it has been found 
to give much greater output and less hum pick-up 
than the inductor or ribbon microphone variety. 

Referring to Fig. 7, the armature A is a strip 
of silicon steel 0.014 0.10.35 inch, cut from a 
transformer lamination. It is mounted in a two- 
spring suspension S;, Sz of the type devised by 
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Fic. 8. Bass equalizing circuit. 


Harrison,® ! which allows both lateral and verti- 
cal freedom to the stylus. The vertical freedom is 
intended to allow for pinch effect and to help 
absorb accidental mechanical shocks. In use the 
pick-up has survived some very rough handling 
without damage. The effective length of the 
springs is about } inch; the upper spring S; is 
of 0.005” phosphor bronze, and the lower one of 
thin spring wire which was filed down after 
assembly until the minimum stylus pressure 
required for proper tracking was the same in 
the bass range as at high frequencies. Soldered 
to the armature are the springs as well as a small 
U shaped bit of metal B having a hole which 
provides a socket for the stylus. Duco cement 
has worked well as a fastening means for the 
stylus and for the Viscoloid damper. Stick shellac 
has been used in commercial instruments. The 
coil consists of a paper bobbin wound full of No. 
40 wire, amounting to some 200 turns. The gap 
between the pole pieces was made rather large 
compared with the stylus excursion; it is 0.05 
inch. 

The magnetic system was simply put together 
out of the materials at hand, no attempt being 
made to calculate any optimum dimensions. 
Instead of the two bar magnets shown in the 
photograph, a single horseshoe magnet would be 
much better. Likewise, the socket B for the 
stylus, and perhaps the spring Se, might better 
be made from an integral extension of the arma- 
ture. The armature could be, of course, made 
lighter by forming it from thin sheet material, 
bent into a channel cross section. 

It may be noted that an undesirable torsional 
mode of vibration could appear if the stylus 
were not mounted accurately in line with the 


°H. C. Harrison, U.S. Patent 2,133,815 (Oct. 18, 1938). 
1H. C. Harrison, U. S. Patent 2,027,168 (Jan. 7, 1936). 
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center of the armature. In addition, it would 
appear that a resonance can occur which would 
affect the output if the armature should vibrate 
as a bar guided at both ends, having its maximum 
amplitude at the center. For this condition, 


Frequency,=kbz, 2/*, 


where & is the radius of gyration of the cross 
section of the bar, b is the velocity of sound in 
the material, and 7 is the length." The writer 
has not thought of any other resonance which 
would affect the output, and in practice no peaks 
have been found. 

It is a matter for speculation whether more 
elaborate designs would be worth while. In place 
of the double-spring suspension, a single torsion 
spring under heavy tension might be employed, 
such as is used in the Miller pick-up. The micro- 
dyne principle’ could be used, and also the 
principle of the Farrand inductor speaker, where- 
in the iron armature moves parallel to the 
pole faces. 


Bass EQUALIZATION 


To equalize for the drop of 6 db per octave 
inherent in the low frequency region of the 
records, mechanical resonance associated with 
the mass of the pick-up arm and head has been 
used. In its better form, this scheme is explained 
in a disclosure by Wiebusch™ which, while 
specific to hill-and-dale pick-ups, can readily be 
extended to the lateral variety. Such a scheme 
would appear to provide poor transient response 
at low frequencies however, and for high quality 
work electrical equalization seems preferable. The 
well-known type of simple resistance-capacity 
network illustrated in Fig. 8 has been satisfactory 
with commercial records. 


APPENDIX 


Derivation of the pinch effect formula 


The groove shown in plan in Fig. 9 has its 
maximum width do at the crest of the wave, and 
its minimum width dmin at the point where the 
wave makes the maximum angle a with the 


1E, H. Barton, A Textbook on Sound (Macmillan, 
London, 1914), p. 297. ; 

2W. N. Weeden, “A Mass-less pickup,” Electronics 
9, 36-38 (May, 1936). 

13 C.F. Wiebusch, U.S. Patent 2,032,194 (Feb. 25, 1936). 
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Fic. 9. Lateral-cut groove, showing variation in width 
over the cycle caused by pinch effect. 
center line. Both the lateral and the vertical 
motions are assumed to be sinusoidal, 
In Fig. 9, dbmin=bo cosa; and in Fig. 10, 
bmin=2D tan Bmin. But for the usual 90° groove, 


bo= 2D, 


sO 
cos a= tan Bmin- (2) 


Now, the altitude of the center of the stylus 


h=r/sin 8. The maximum altitude due to the 
pinch effect 


Rue al ‘sin Bu, iny 


and the minimum altitude 


htmin=r/sin 45° =rv2. 


The amplitude of the vertical motion caused 
by pinch, A, is approximately 


_ rae Ny in r 1 
A,= =“( 2 -12). (3) 
2 2 sin Bmin 


It is now necessary to transform Eq. (2) in 
order to get A, in terms of a direct function of 
the angle a. Using the well-known trigonometric 


formula, 
sin Buin 1 


tan Bmin = COS a=— -_= ; ‘ 
(1—sin? Bmin)? (1-+tan? a)! 





Fic. 10. Relation of stylus and pinched groove. 


But tan a= V/z, the ratio of the peak vibrational 
velocity to the linear velocity of the groove past 
the pick-up. So 

sin Bmin 1 


(1—sin® Buin)! (1+ V2/02)! 








Solving for sin Bmin, we get 





1 
sin Bmin = 


(24+ V2/v2)! 


Substituting in Eq. (3), we obtain 
r 
A,=-[(2+ V?/v?)!— v2]. 
2 


The peak vibrational velocity of the vertical 
motion will be V,=2A,, since the vertical 
vibration is at double frequency. Applying also, 
in order to gain simplicity, the relation 


(1+¢)!=approx. 1+«/2, 


which holds within 10 percent when e is less than 
1, we get 


V ,=0.35rwV2/v2. 
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Tone Guard 


HARRY F. OLSON 
RCA Manufacturing Company, Inc., Camden, New Jersey 


(Received November 25, 1940) 


An acoustic network has been developed for attenuating the sound, generated and radiated 


directly into the air by the vibrating parts of the phonograph pick-up, which passes through 


the aperture between the door and the cabinet. The series elements are formed by the slit 
between the door and the cabinet. The shunt elements are formed by a wood strip fastened to 
the inside of the cabinet. The attenuation band extends from 1000 to 10,000 cycles. The attenu- 


ation is of the order of 15 decibels over that with the conventional door and cabinet. The net- 


work has been applied to both horizontal and vertical doors. 





INTRODUCTION 


PHONOGRAPH usually refers to a system 

in which the needle follows the undulations 
in the groove of a record and transforms these 
undulations into the corresponding acoustical 
or electrical variations. In the case of the pick-up, 
amplifier and loudspeaker combination, the 
mechanical variations due to the motion of the 
needle are.transferred to the mechano-electrical 
transducer and transformed into the corre- 
sponding electrical variations. The vibration of 
the various elements of the pick-up and the 
vibration of the record due to the interaction 
between the needle and the record leads to the 
production of very high intensity sounds by 
direct transformation from mechanical variations 
into acoustical vibrations of surrounding air. 
Because of the relatively small size of the 
vibrating elements, the major portion of this 
energy is confined to the high frequency range. 
The peculiar conditions under which this sound 
is generated in general leads to considerable 
distortion in the sound which emanates directly 
from the pick-up and record. In addition, 
because of the relatively short wave-lengths at 
the higher frequencies, the sound caused by 
mechanical vibration is not in phase with the 
sound which emanates from the loudspeaker. 
For these reasons it is highly desirable to 
suppress the sound which issues directly from 
the pick-up and record system. The sound which 
issues from the pick-up is reduced when the 
pick-up is enclosed in the console type phono- 
graph. However, because of manufacturing 
difficulties and the natural warpage of wood, 
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there is a normal clearance between the door 
and the cabinet. The use of rubber or other 
positive seals of this type is not practical because 
a locking system which compresses the rubber 
seal must be used. Unless this expedient js 
employed, a slit will be formed over a portion of 
the cabinet and door system. The use of a 
compression lock does not appear to meet with 
public favor. The sound which passes through 
the aperture between the door and the cabinet 
can be reduced by incorporating an acoustic 
network in this opening. It is the purpose of 
this paper to describe an acoustic network for 
attenuating the sound which emanates from the 
pick-up and passes through the aperture formed 
between the door and the cabinet. 


Acoustic NETWORK 


The acoustic network for attenuating the 
sound which issues from the pick-up and passes 
through the slit formed by the door and cabinet 
is shown in Fig. 1. It is essentially a low-pass 









ACOUSTIC 
NETWORK 


PICK-UP_ 


TURNTABLE — 


CABINET 


Fic. 1. A cutaway view of a console type phonograph 
showing the acoustic network. 
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Fic. 2. A cross-sectional view 
of the acoustic network (left) and 
the equivalent circuit of the 
acoustical system (right). 


filter. The slit between the door and the cabinet 
forms the series elements while the shunt 
elements are formed by the addition of the wood 
strip. An investigation indicated that it was not 
important to attenuate the frequency range 


PZ arZ as 


Za Za3 Zas 
M tar Mo ta2 My Sax Mg tag Ms Tas 


NORMAL 
CLEARANCE 


Mslas 





below 1000 cycles. A cross-sectional view of the 
acoustic system and the equivalent circuit of 
the acoustic system is shown in Fig. 2. 

From the equivalent circuit the volume current 
in branch Za; is 





ZakZeetE£adbactEad + taedidintEidttadidiucti 


where 


Zar =raitrastjoMi+joMs2, 


1a, 
1 + jwCa ol A 8 


Zas=VastjoM;, 


TAT 


Zas=Paot joM.+— : 
1 + jwCa 17 A7 


Zas=PastrastjoMs+joMs. 


The acoustic resistances 742, Y43 and ra, are 
formed by the slit between the lid and the 
cabinet. The acoustic resistance! of a slit is 
given by 

12uW 


T~A= ’ (2) 
d*] 


where n= viscosity coefficient 1.86 10~ for air; 
p=density of the medium, 0.0012 gram per cubic 
centimeter for air; d=thickness of the slit normal 
to the direction of flow, in centimeters; ]=width 
of the slit normal to the direction of flow, in 


_'H.F. Olson, Elements of Acoustical Engineering (D. Van 
Nostrand Co., New York, 1940). Olson and Massa, A pplied 
a (Blakiston Company, Philadelphia, 1938) second 
edition. 


(1) 


centimeters; W=length of the slit in the direc- 
tion of flow, in centimeters. The - inertances 
M2, M3 and M, are formed by the slit between 
the lid and the cabinet. The inertance! of a slit is 
given by 


6 pW 


M=-—, 
5 ld 


(3) 


where the constants are the same as in (2) above. 
The resistance of the opening to the large 
capacitance is given by 


12u 
1454 -—, (4) 
d*l 


where d=thickness in the direction normal to 
the flow, in centimeters, and /=width normal to 
the direction of the flow, in centimeters. 

The inertance of the opening to the large 
capacitance is approximately 


p 


The acoustic capacitances! C4; and Cae are 
given by 
V 
Ca=—, (6) 
pc? 
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Fic. 3. Response frequency characteristics of the aper- 
ture between the door and the cabinet and the acoustic 
network. (A) Response frequency characteristic of con- 
ventional door and cabinet. The response is arbitrarily 
chosen as unity. (B) Response frequency characteristic of 
the acoustic network relative to the conventional door and 
cabinet. 


where V=volume of the acoustic capacitance, 
in cubic centimeters; p=density of the medium, 
and c=velocity of sound, 34,400 centimeters per 
second for air. 
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Fic. 4. (A) Response frequency characteristic of a sound 
source within a cabinet with a conventional door and 
cabinet. (B) The same cabinet and sound source with an 
acoustic network between the door and the cabinet. 


The acoustic resistance in shunt with the 
acoustic capacitance can be obtained from the 
absorption coefficient of wood. 

The impedance! which terminates the two 
ends of the system is that of a parabolic horn 
and is given by 


2 
—+ 7} Jo KX 0) I( KX 0) +Vo( KX 0) V¥i(KX 0) } 





Za=tatjxa=- amemes 


Jo, Ji:= Bessel functions of the first kind of order 
zero and one; Yo, ¥i1=Bessel functions of the 
second kind of the order zero and one; p=density 
of the medium; c=velocity of sound; S)»=area 
of the slit at Xo; Xo=distance of the throat 
from X =0; K=27/\; \=wave-length. 


RESPONSE FREQUENCY CHARACTERISTICS 


The attenuation of a slit with an acoustic 
network of the type shown in Figs. 1 and 2 as 
compared to a plain slit is shown in Fig. 3. 
The attenuation due to a plain slit is caused by 
the resistance and inertance. The output of the 
simple slit is arbitrarily assumed to be zero 
level, and is depicted as characteristic labeled 
“A,” Fig. 3. The response of the acoustic 
network relative to the plain slit is labeled “B, 
Fig. 3. The attenuation above 2000 cycles is 
quite high. 

The measured response with the conventional 


9 


TAKX) + Vi2(KXo) 


door system is shown by the characteristic 
labeled “‘A,’”’ Fig. 4. The measured response 
employing the same cabinet and the acoustic 
network is shown by the characteristic labeled 
“B,” Fig. 4. It will be seen that the shape of 
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Fic. 5. (A) Response frequency characteristic of a sound 
source within a cabinet with a conventional door and 
cabinet. (B) The same cabinet and sound source with a 
perfect seal between the door and cabinet. 
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the attenuation characteristic is the same as that 
of Fig. 3. However, the magnitude is considerably 
less than that predicted by theory. This is 
caused by direct transmission through the wood 
as is evidenced by the characteristics of Fig. 5. 
The characteristic labeled “‘A’’ is a cabinet with 
conventional door seal system and is the same 
as that of characteristic “A” of Fig. 4. The 
characteristic labeled “B”’ of Fig. 5 was obtained 
by sealing the slit completely with wax. Char- 
acteristic B of Fig. 5 then represents the trans- 
mission through the walls of the cabinet and 
small apertures for shafts, etc. In the range 
between 1500 and 10,000 cycles the acoustic 
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network is practically as effective as a perfectly 
sealed door. Below 1500 cycles the attenuation 
of the filter is small. However, the sound gener- 
ated by the pick-up in this region is small and 
of a relatively low level. Furthermore, the sound 
generated in this region does not appear to be as 
objectionable. This is rather fortunate in that 
the reduction with a perfectly sealed lid below 
1000 cycles is only about 4 or 5 db. The trans- 
mission through the walls is relatively much 
greater in this region. 

A similar acoustic system has been applied to 
a vertical type door. The system is essentially 
the same and the performance similar. 
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Elastic Wave Filtration in Nonhomogeneous Media 


R. B. Linpsay 
Brown University, Providence, Rhode Island 


(Received November 29, 1940) 


Previous work has indicated that when harmonic compressional waves pass through a 
stratified medium consisting of a series of alternating layers of two different substances, which 
may be either fluid or solid, the transmission is selective. In other words the medium acts as an 
acoustic filter with alternate transmission and attenuation frequency bands. This analysis of 
the transmission characteristics of the medium was based on the assumption that the transition 
in acoustical properties (i.e., density and sound velocity) from each layer to the next is abrupt 
and effectively discontinuous. The purpose of the present investigation is to examine the con- 
sequences of assuming that the transition in question is a gradual one. The interesting theo- 
retical result is that for a gradual transition in which there are no discontinuous changes in 
either the acoustical properties or their gradients the stratified medium passes all frequencies. 
In order to assure attenuation for a gradual transition one must assume at least discontinuity 
in the gradients of the acoustical parameters. Certain special cases and their consequences are 
investigated. 


1. INTRODUCTION tinuity for this case becomes 


ie is well known that if a plane compressional 8(pé) 

elastic wave traverses an ideal homogeneous p+ we (1) 
medium in which no irreversible dissipation takes 
place, there is no attenuation of intensity from where p is the density and & the displacement. 
point to point. The presence of discontinuities in If we introduce the condensation s(x, ¢), we have 


Ox 


the structure or mode of confinement of the ; 
medium, however, makes the transmission of p= polx)s, (2) 
elastic wave radiation selective with respect to where py is the time average density, which is a 
frequency ; such a structure we call in general an function of x. Since s is very small compared with 
elastic wave filter.’ All filter structures so far unity, (1) takes the form 
studied have involved discontinuous changes in 
property. An interesting question arises about PP 
the transmission through such a structure when sa ax 
the variations in properties are gradual instead of ; oo ae! 
discontinuous. This problem will be considered The equation of motion is to the same approxi- 
in the present paper. mation ' 

VE ap 


Ss (4) 


0 
2. PROPAGATION OF COMPRESSIONAL ELASTIC or Ox 


WAVES IN A NONHOMOGENEOUS MEDIUM : — 
where ~p is the excess pressure. Placing, as 


The supposition is made that the nonhomo- _ usual,’ 
geneity consists of a variation in density and 
wave velocity in the x direction only. This 
problem was considered by Rayleigh* but is here and assuming harmonic waves with frequency 
presented in a form somewhat more suitable for »v=w/2z, we have from the combination of (3) 
subsequent discussion. The equation of con- and (4) the equation 


b/ pos =C 


1For a general discussion of acoustic filtration in both 0 
solids and fluids, see R. B. Lindsay, J. App. Phys. 9, 612 +kp=0. (6) 
(1938); 10, 680 (1939). Cf. also Lindsay, Lewis and Albright, Ox? 

J. Acous. Soc. Am. 5, 202 (1934). ——— : 

2 Rayleigh, Theory of Sound, Vol. 2 (1926), p. 68. Cf. also 3G. W. Stewart and R. B. Lindsay, Acoustics (D. Van 

Proc. Roy. Soc. A86, 207 (1912). Nostrand, 1930), p. 23. 
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WAVE FILTRATION 


Here we have set, as usual, 
w/c=k(x). (7) 


The only essential difference between (6) and 
the ordinary equation for the propagation of 
excess pressure in an elastic medium is that k is 
now a function of x. The solution of (6) contains 
the whole story of the propagation of harmonic 
compressional waves through the medium. For 
we can readily express the particle velocity é in 
terms of the pressure thus: 


ji 
=t/ Pow . 
Ox 


(8) 


In seeking a solution of (6) we shall assume 
that k(x) varies slowly with x, corresponding to 
gradual change in the properties of the medium. 
We are thus led to try a solution of the form 


_ ~\ piz(z) 9 
(1) p=q(x)e*™, (9) 


where g(x) is a slowly varying function of x so 
that d’g/dx* can be neglected compared with 
dq/dx and q. Substitution of (9) into (6) yields 


2 dz\? { dq dz d*z 
(—) +h+i( 2 —+¢—) =0. 
2 dx dxdx dx? 


With the approximation mentioned 
satisfy the equation by requiring that 


nent, 
have 


(10) 
we 


can 


dz 


dq dz 
ge RPE 
dx? 


ae 
dx dx 


dz\? 
(i) 
dx 


The solution of (11) is 


2 =0 (11) 


(13) 
where K is a constant, while (12) has for solution 


(14) 


e= + | kdx+C. 


The complete approximate solution of (6) is 


IN NONHOMOGENEOUS MEDIA 


a 


therefore in the form 


p= Ck exp (-if ids ) 
0 
+C2k- exp (+f tds ) (15) 
0 


where C; and C2 are constants. Similarly from (8) 


. & tk} ‘ 
t-—| =| exp (-if kds) 
Pow 2 0 
C. ik-% ° 
ms [ee] exp (if kd), (16) 
Pow 2 0 


where k’ denotes dk/dx. Here, as usual, the time 
dependence term e‘*' has been omitted for con- 
venience. 

We now apply the above analysis to the 
special case of a linear medium in which the 
mean density changes continuously and slowly 
from po: to po2 in a distance / and the correspond- 
ing change in k is from k; toke. We can schematize 
the situation in Fig. 1, where the medium is 
divided into three regions: I, in which & has the 
constant value k; and the mean density the 
constant value po; II, a transition layer in 
which both po and k vary continuously and 
slowly; and III, in which k has the constant 
value ke and po the constant value po2. The 
boundary between regions I and II is chosen at 
x=0 and that between II and III at x=/. For 
x <0, the elastic-wave propagation is repre- 
sented by 


p =A, exp (—tkix) +B, exp (tk,x), 
(17) 
k 
§ =——_(A, exp [—4k,x]—B, exp [#kix)). 


Pow 
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For x >l, the corresponding equations are where we are supposing that in region III there 
is no return wave to the right. In region II where 


0<x<I, the solution is assumed to have the 


p=Ay, exp [—ik2(x—/) ], 


‘ (18) form given in Eqs. (15) and (16). The boundary 
§=——A, exp [—ik2(x—J)], conditions expressing the continuity of p and F 
Po2w at x=0 and x=1 take the form 





Ai+Bi=Cyki'?+Coky}, 


; . tky'ky} ] tky’ky} 
ky wport (Ai— Bi) = Ci, wom: ( bs! . ey ‘)=¢. won: ( +— 2 ). 


Cik2-}-exp (—ikl) +Coko-!-exp (ikl) = As, 







(20 
| ikea! ko} 7 ike!ka! " 
Ci/spe ( —-) exp (—ilt) — Cx/ up (bs!+ exp (ikl) = k2/wpos: Ao. 












In Eqs. (19) and (20) the expressions k;’ and kz’ The use of Eqs. 
refer to dk/dx at x=0 and x=!/, respectively. (24) to 


(3), (5) and (8) transforms 


We have also introduced 
-B=s I. ~ (exép)ds) 
; l 0 Po ax Av : 
=f kdx, (21) (25) 
. > Epo): dw —( potP) ow |- 
where k appears as an average k over the transi- Po 


tion layer. As Fig. 1 indicates, we shall take the 
special case in which k;’=k,’=0. In this case 
the boundary conditions (19) and (20) yield the 


result 


But this means effectively that we can use for 







the intensity of a plane progressive wave in the 
nonhomogeneous transition layer the value 


A»|*/|Ai|?=k:/ke. (22) I =((po&p))av/ po. (26) 


Now if S is the area of the wave front the If we employ Eqs. (17) and (18) we are then led 
instantaneous total energy in the transition to the power transmission ratio, P,, which is 


the ratio of the transmitted intensity in III to 
l | ! : [ 
ee £2 a | 

1 

| | 

1 

| 
























| ‘a ; ‘ : 
the incident intensity in I, 
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I 


! 
| 
ral ! | | 
yr ws ky|Ao|? 
sia | | Pierce, (20 


ki| A,|? 














Levert is the second equality coming from Eq. (22). The 
F ‘ conclusion is that the transition layer in this case 
[_=— J (ook?-+ pues? (23) of slow and continuous variation produces no 
: effect on the elastic wave transmission. 
The average rate at which elastic wave energy 
leaves the transition layer is the negative average 3- ITERATED STRUCTURE WITH GRADUAL PERI- 
time rate of change of E, viz. opIC ALTERATION IN PROPERTIES 


se t gfe We next investigate the transmission of elastic 
—K= -s¢ f (pot + pot*ss)ds:) . (24) waves through an iterated stratified medium in 
oF which the alteration in properties from layer to 

layer is gradual in the sense of the preceding 


4Cf. Stewart and Lindsay, reference 3, p. 30. 











orms 


PERI- 


lastic 
im in 
rer to 
eding 


WAVE FILTRATION IN NONHOMOGENEOUS MEDIA 381 


section. We shall suppose that the media I and 
III of Section 2 are arranged in alternate strata 
separated by transition layers of thickness /, the 
schematic representation being indicated in Fig. 
2. The strata characterized by k; and po; are 
assumed to have the thickness 2/;, while those 
characterized by k2 and po2 are assumed to have 
the thickness 2/.. The numbers 1, 2, 3--- denote 
mid-stratum points. If we assume that the 
structure is traversed by harmonic elastic wave 
uh Ried 

sc eee ! 


jt... 
1 | | \ 


Fie. 3. 


radiation in the x direction, the problem to be 
solved is the expression of the excess pressure or 
particle velocity at 3 in terms of that at 1. The 
method has been sufficiently illustrated in pre- 
vious papers to make a recapitulation here un- 
necessary. The result can be expressed in the 
following form 


pPs=p1 cos W—ié:Zo sin W, (28) 


where Zp is the characteristic specific impedance 
of the structure given by 


bisa/ bin. = p;/Es= +++ =Zo (29) 


for all integral 7. We can therefore write (28) in 
the form 
b3/pi=e"™. (30) 


Now in the present case it turns out that 
cos W=cos 2(kil;+kelo+kl), (31) 


where k, as before, is the average k over the 
transition layer of thickness /. Consequently W 
is always real for all frequencies and p3 and /, 
differ only in phase. This means that the struc- 
ture transmits all frequencies equally well. The 
suggested conclusion is that no iterated structure 
will yield filtration of elastic waves if the change 
in properties is continuous and gradual in the 
sense of Section 2. Clearly to secure attenuation 
bands it is necessary to introduce effective dis- 


continuity. There are two principal ways of 
realizing this: (1) by the discontinuity of k and 
p at the boundary surfaces of the strata and 


8 Cf. for example, Lindsay, Lewis and Albright, J. Acous. 
Soc. Am. 5, 202 (1934) and R. B. Lindsay, J. App. Phys. 
9, 6129 (1938). 


(2) by the continuity of k and p accompanied, 
however, by discontinuity in the gradients of k 
and p. The first case has already been extensively 
treated in the literature (cf. reference 1). It will 
be of interest to examine here a special case of (2). 


4. ITERATED STRUCTURE WITH DISCONTINUOUS 
k-GRADIENT 


The structure investigated in this section con- 
sists of a stratified medium in which the change 
in k is represented schematically in Fig. 3. 
There is discontinuity in k’ at the boundary 
surfaces but a continuous variation of k in each 
alternate stratum. To consult the figure, k and 
po have the constant values k; and poi, respec- 
tively, in the alternate strata of thickness 21. 
In the intermediate strata of thickness 21, k varies 
continuously from k; at the boundary to kz» at 
the midpoint. For simplicity the variation is 
taken to be symmetrical about the midpoint. 
If we follow the notation of previous papers 
(cf. reference 1) and denote quantities at the 
boundaries by 12, 21, 23, 32, etc., we have the 
boundary conditions 


kyo’ =0= 32’; ko’ =a=k3’; 


(32) 
ko’ =k;’=0; 


Ryp= Roi =Ro3=Rs2=h. 


The analysis, though rather involved algebrai- 
cally, is straightforward and yields the result that 
the structure is an elastic wave filter charac- 
terized by the function 


a 


cos W=cos 2(kil;+kl) + sin 2(Ryl,+kl) 


2 


1 


2 


Qa - 
= sin 2kyly sin 2kl. 
8 


1 
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As in the previous examples, k denotes the 
average value of k in the strata in which k varies 
continuously. 

To provide a specific illustration of (33) we 
let the variation in the strata of length 2/ be 
parabolic, i.e., set 


(ki — ke) x? 

k=k,.+——_—__, (34) 
[2 

where x is measured from the midpoint of the 


stratum. This leads to 


_ 2ket+k, 
k=— ss (35) 





LINDSAY 


A somewhat idealized case of this sort which 
would be approximately realizable in practice js 
the solid structure in which k; corresponds to 
pure tin (c,=2500 meters/sec.) and ke corre. 
sponds to pure copper (¢:=3560 meters/sec.), 
the alloy changing composition in the stratum 
in accordance with (34). We further let J=5 em 
and /,=10 cm. The plot of cos W against fre- 
quency for this case is shown in Fig. 4. It is 
clear that the structure behaves as a high-pass 
compressional wave solid filter with an initial 
attenuation band extending from zero to 8775 
cycles. Thereafter |cos W| <1 for all frequencies, 
Hence it appears that the filter has only a single 
attenuation band, a result of some interest. 
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The Analysis of Pulses by Means of the Harmonic Analyzer 


ROBERT S. SHANKLAND 
Case School of Applied Science, Cleveland, Ohio 
(Received November 20, 1940) 


An important group of nonperiodic phenomena, including the transmission of acoustic 
pulses in air and solid materials, the passage of pulses through amplifiers, etc., requires the 
evaluation of the Fourier integral to give the complete spectrum, both amplitudes and phases, 
of the components making up the pulse. The analyses of such problems are important in 
studies of the starting and stopping of sounds, especially as these greatly influence the tonal 
characteristics of musical instruments. The solution of these problems can be carried through 
directly and with ease by charting the pulse to several scales of abscissae and analyzing the 
graphs with the Henrici analyzer which is capable of giving thirty components. The detail in 
the resulting analysis depends simply on the number of curves drawn to different scales which 
are traced. The method is also of general use in other problems where the Fourier integral 
appears, including the analysis of radiation pulses, x-ray and electron diffraction patterns, and 
the flow of heat. 


HE general description of a pulse is given in terms of the space and time variables, but for 

most purposes only the time variation of the amplitude of the pulse at a particular point in 
space is required. Typical examples are points in an electrical circuit or in a sound field. Pulses are 
composed of a continuous spectrum of frequencies, each component wavelet being specified by its 
relative amplitude A, and its phase a, according to the expression A, sin (27vt+-a,)dv which gives 
the amplitude contribution in the frequency range from v to v+dv. The entire pulse is represented 
by means of a Fourier integral: 


f= J yr (2rvt+a,)dv (1) 


or 


fio= J 


Since all values of v are positive the lower limits in Eq. (1a) may be either — © or 0. The function 
f(t) is obtained directly from an oscillograph, phonodeik or other recording device and it is the 
purpose of the analysis to obtain A, and a, for every possible value of the frequency v. The function 
f(t) stated in its most general form is:! 


A, cos a, sin Qnvi)de+ f A, sin a, cos (2rvt)dv. (1a) 


1 a) 9) 
f(tj)= - f fonyan f cos 6(A—#)d0 (2) 
47 V_» 


—n 
or 


x 


fiy= f f f(t) sin (2rvt)dt | sin Onv)de+ J f f(t) cos (2rvt)dt | cos (2rvt)dv (2a) 


when after expansion one substitutes 27v for 6, and ¢ for \. Equations (1a) and (2a) are identical 
provided : 


A, cos a= f f(t) sin (2rvt)dt, 
eh (3) 
A, sin a= f f(t) cos (2rvt)dt. 


'W. E. Byerly, Fourier Series and Spherical Harmonics, (Ginn & Co., 1893), Section 32. 
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These integrals can be evaluated from the readings of the Henrici harmonic analyzer for all 
values of the frequency as follows. The function f(t) in graphical form is copied on a photographic 
plate. Then by means of a projection lens several tracings of this curve are made with different 
magnifications. In each curve the pulse starts at x=0 (t=0) and terminates at x=L cm (t=T 
seconds) ; both points falling on the axis of abscissae. The curve terminating at x =40 cm is taken as 
the reference curve and those terminating at L cm on the axis of abscissae are designated by the 
scale factor k=40/L. This scale factor also reduces the ordinates of the curve in the same ratio. 
Each of these curves within the interval x =0 to x=40 cm may be represented by means of a Fourier 


series of the form: 


n= 2rnx 2rnx 
y= > a, sin ——+), cos ——. 
n=0 40 40 


The Henrici harmonic analyzer evaluates a, and b, directly and gives > 
1 ‘© . «C2anx 
a,a=— j y sin - dx 
20 J 40 
provided that y=0 at both x=0 and x=40 cm. Similarly: 
i ,* 2anx 
b= — | y cos ——dx. 
20 40 


The relation of these integrals to those appearing in Eq. (3) is as follows: 


ve) T 
J 40 sin rvar= [ f(t) sin (2evt)dt if f(t)=0 for t>T. 


The scale factor k gives: y=f(t)/k; x=t/k; dx=dt/k, hence: 
1 T 2rnt 


=— f(t) sin ——d1, 
20k? 40k 


Ba 


which integral is equivalent to Eq. (6) provided: 
n 


~ 40F 


2p. C. Miller, J. Frank. Inst. 182, 285-322 (1916). 





(4) 


(5a) 


(6) 
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erent A, cos a, -{ f(t) sin (2rvt)dt=20k*a, 
(t=T - 
en as and - 
y the A, sin a= f f(t) cos (2rvt)dt = 20k*b,. 
ratio. x 
urier From these relations 
ba 
a, = tan! —, (8) 
(4) an 
A, =20k?(a,?+0,?)}. (9) 
| 
Since in all physical problems only the relative values of A, are needed we will set A,=k?(a,2+0,2)}, 

(5) where k is the known scale factor and a, and 0, are obtained from the harmonic analyzer. 

° As the first example of this method of analysis, the pulse shown in Fig. 1 was studied. This pulse 
was charted first to a length of 40 cm, corresponding to a k value of unity. A harmonic analysis 
was carried out and values of A, and a, were calculated by means of Eqs. (8) and (9). These values 

(5a) are plotted in Fig. 2 at the values of m/k which are integers. The pulse was next charted to a length 

Sa 


of 31.3 cm corresponding to k=1.28. This curve was analyzed and another set of A, and a, values 
obtained. These are plotted in Fig. 2 at values of the abscissae n/k that are not integers and so give 
new points in the continuous frequency spectrum. For each charting of the pulse to another k value 
the analysis gives n values of A, and a, for the new values of u/k. This process is continued until 
(6) the entire spectrum is clearly indicated. The pulse shown in Fig. 1 was traced for values of k equal 
to 1, 1.28, 1.52, 1.88, 2.51 and 3.54. The analysis was carried through for fifteen components on the 
Henrici machine. The results of the analysis are shown in Fig. 2 where A, and a, are plotted against 
n/k. Since the period of duration of the pulse is JT seconds, and since the pulse is drawn so that 
T=40 cm for k=1, then we have from Eq. (7) v=/40k=n/Tk. Thus the frequency in sec. for 
each component of the pulse is obtained when n/k is multiplied by T~'. In certain pulses the value 
of T is not clearly defined. However, if any value of T is chosen such that f(#)=0 for t>T7, the A, 

and a, and the v values associated with them will be independent of the choice of T. 
(7) The variations of A, in Fig. 2 show that no component of zero frequency is present and that the 
maximum amplitude occurs at the value of 2/k =1 or v»=1/T which might be called the “frequency” 
of the pulse. The detail given by the analysis is exhibited by the drop in A, to nearly zero at n/k 
of 8.5, a rise to a secondary maximum in the vicinity of n/k=10, ete. 


ee 
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The phases a, given in Fig. 2 show a nearly linear relation between a, and n/k and hence vy. The 
straight line segments in the a, graph of Fig. 2 are given by the relation a,=130°—constant n/p. 
And since v=n/kT the form of the argument of Eq. (1) for this pulse becomes 


sin 2=0(1-—_) + 130°-+4,|. 
3.85 

The value 2 rvT/3.85 gives the constant drift of a, with v. This factor could be eliminated by meas. 
uring the time ¢ from a zero 7/3.85 from the beginning of the pulse. While this is not possible in 
the analysis, this continuous shift in phase, which has no essential physical significance, can easily 
be subtracted afterwards. The constant angle of 130° can also be subtracted from every phase angle 
giving the frequency dependence of vy, alone. 

The second pulse analyzed is shown in Fig. 3 which gives the potential variation of the wire 
electrode of a Geiger-Miiller counter during its discharge and recovery. The analysis of this electrical 
pulse was made for fifteen components ” and using k values of 1, 1.09, 1.22, 1.40, 1.71 and 2.11, 
The results of the analysis are given in Fig. 4 which exhibits a steady fall in the values of A, with 
frequency. However, at n/k=15 the amplitude is still appreciable and falling very slowly, showing 
that amplifiers for these pulses must be designed to pass very high frequency components. Of especial 
interest is the variation of a, which falls steadily from a value of 90° for the zero frequency component 
towards zero for the higher frequency components of the pulse. 

The procedure for analysis described here is a general one applicable to all problems involving 
the evaluation of the Fourier integral. The method is rigorous and the degree to which the final 
analysis represents the continuous spectrum of amplitudes and phases of the phenomena studied 
depends simply on the number of curves charted to different scale factors k which are analyzed. 
The fact that the method yields both amplitudes and phases is an important feature. 
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. The End Corrections of Organ Pipes 


ARTHUR TABER JONES 
Department of Physics, Smith College, Northampton, Massachusetts 
(Received September 15, 1940) 


This is an experimental study of the end corrections of two rectangular wooden pipes, 
each wide open at one end and partly closed in various ways at the other. The pipe to be 


eter examined was excited by a telephone receiver set into one side of the pipe, and the sound was 
dle in picked up through a small bore brass listening tube screwed into another side of the pipe and 
2asily connected by rubber tubing to the observer’s ear. The telephone receiver was fed from an 
angle audiofrequency oscillator, the frequency of which was varied to obtain the maximum resonant 
response. Equations for the frequency of a partly closed pipe have been suggested by several 
Wire investigators. The present experiments show that not more than one of these equations is 
oe satisfactory for any extended range of apertures. The one possible exception is an equation 
‘trical « ieiiabale. ie eer nee <. ati ' ‘aaa’ 
developed by Rayleigh and by Richardson, and for this equation the present experiments are 
2.11, not conclusive. Incidentally attention is drawn to the restriction which a wall near an opening 
with imposes on the flow of air through the opening, and the consequent effect on the natural 
Wing frequency of an adjacent cavity. It is also found that the fundamental resonant frequency 
De cial of an organ pipe may be either above or below the frequency obtained by blowing. 
onent 
ving INTRODUCTION entirely with rectangular pipes, and with ends 
fine at are rj 
fo LTHOUGH the elementary theory of the oo vn wanes 
, ; a i ; ; , ghty years ago the famous French 
vaed, vibration of air in a finite pipe of uniform a : 


cross section assumes that there is an antinode 
at an open end, it is well known that this is 
not accurately the case, and that the vibration 
well inside the pipe goes on as if there were an 
antinode a short distance outside the pipe, the 
distance from the end of the pipe to the position 
of the effective antinode being known as an 
“end correction.”” It is also known that con- 
stricting an opening at the end of a pipe lowers 
the natural frequency of vibration of the con- 
tained air, and therefore increases the corre- 
sponding end correction. 

In an open organ pipe of the flue type the 
opening at the mouth is more constricted than 
that at the open end, and it has been known for 
many years that the end correction at the mouth 
is greater than that at the open end, so that the 
node in the fundamental mode of vibration lies 
below the middle of the pipe. 

The magnitude of the end correction at an end 
which is wide open has been studied by various 
investigators. The end correction for an end 
which is partly closed—like the mouth of an 
organ pipe—has received less attention, and 
rectangular pipes seem to have been less investi- 
gated than circular ones. The present study deals 


organ builder Cavaillé-Coll! stated that the sum 
of the end corrections at the mouth and open 
end of a rectangular pipe is given by twice the 
depth of the pipe—that is, twice the distance 
from the front of the pipe to the back of it. 

Nine years earlier Wertheim? had carried out 
an experimental study on 625 pipes of various 
sizes, shapes, and materials. For rectangular 
pipes he arrived empirically at a result which is 
given by the rather curious equation 


a=g(b+d){1—(s/S)'+(S/s)}}, (1) 


in which @ stands for the end correction at an 
end that is partly closed. 6 and d stand, respec- 
tively, for the breadth (side to side) and depth 
(front to back) of the pipe, S stands for the area 
of cross section of the pipe, and s stands for the 
area of the opening. g is a constant which differs 
somewhat for different materials and types of 
pipe. 

In a rectangular organ pipe the motion of the 
air may be regarded as approximately two- 
dimensional, and a theoretical study of this two- 
dimensional vibration has been carried out by 
Brillouin.’ He divided the pipe into two regions, 





t Aristide Cavaillé-Coll, Comptes rendus 50, 176 (1860). 
2 Guillaume Wertheim, Ann. chim. phys. 31, 385 (1851). 
3 Marcel Brillouin, J. de phys. 5, 569 (1906). 
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one up to the bottom of the upper lip, the other 
above that level. For each region he set up a 
velocity potential, and he made use of the 
conditions that the pressure and the longitudinal 
component of velocity must be the same on both 
sides of the bounding interface. In the plane of 
the mouth he assumed that the pressure is not 
a function of time—an assumption which can 
hardly be regarded as fitting the facts very 
accurately. To determine the natural frequencies 
of the pipe Brillouin found that the sum of a 
certain infinite series must vanish. Restricting 
himself to the first term in this series, and 
making the assumptions that the pipe is narrow, 
and the height of the mouth small compared 
with the depth of the pipe, he arrived at an 
equation’ from which it is possible to obtain 
for an open pipe the relation 


2d= —(L+a) tan [r(L—h)/(L+a) ] 


Xtanh (zh/2d), (2) 





in which LZ stands for the length of the pipe 
including the end correction at the top of the 
pipe—/ for the height of the mouth, and a and 
d have the same meanings as in (1). 

Rayleigh® and Richardson‘® have also obtained 
a theoretical equation for the natural frequencies 
of a tube that is closed at one end and partly 
closed at the other. This equation is 


tan kL=c/kS, (3) 


where & stands for 27/(wave-length), Z for the 
length of the pipe, S for the area of cross section 
of the pipe, and c for the conductivity of the 
opening at the end which is partly closed. 
Richardson applied the equation experimentally 
to tubes of circular section—each tube closed at 
one end, and at the other partly closed by a 
disk with a concentric circular hole—and found 
a fair agreement between the observed and 
calculated values. 

Equation (3) is for a pipe that is closed at one 
end and partly closed at the other. It can 
readily be shown that the corresponding equation 


for a pipe that is wide open at one end and 





4 The first equation on p. 573 in reference 3. 

5Lord Rayleigh, Phil. Trans. 161, 89 (1871); Sci. 
Papers, Vol. 1, p. 46. 

6E. G. Richardson, Proc. Phys. Soc. London 40, 206 
(1928). 
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partly closed at the other is 
tan kL+kS/c=0, (4) 


where Z now stands for the length of the tube 
plus the open end correction, and that an 
equivalent form is 


tan ka=kS/c, (5) 


where a stands for the end correction at the 
partly closed end. If kS/c is sufficiently small (5) 
reduces approximately to 


a=S/c, (6) 


and if c’kS is sufficiently small (5) reduces 
approximately,’ for the gravest mode of vibra- 
tion, to 


a= (d/4)[1—cd/2?2S]. (7) 


Bate*® has carried out experiments on pipes 
that were partly closed at one end, and has 
found his results satisfactorily expressed by the 
equation 


a=S/(2g(s/7)'), (8) 


where g is a constant for a given shape and size 
of mouth, and the other symbols have the same 
meanings as before. 

The equations quoted above differ consider- 
ably. It seemed desirable to apply them to 
various cases where the end corrections had been 
found experimentally, and to find out whether 
any one of the equations is in better agreement 
with experimental results than the others. 


METHOD OF STUDY 


In a considerable proportion of the published 
experimental studies of end corrections the pipes 
have been excited by blowing rather than by 
simple resonance. Now it is known that the 
pitch obtained by blowing depends somewhat on 
the blowing stream itself. Moreover the presence 
of the nozzle from which the wind issues must 
in some cases lower the frequency that is to be 
measured. On the other hand, resonance is never 
sharp, and the frequency which gives the maxi- 
mum resonant response is therefore somewhat 
difficult to determine. 





7Following, for instance, the method employed by 
Stewart and Lindsay, Acoustics (Van Nostrand, 1930), 
p. 150. 

§ A. E. Bate, Phil. Mag. 10, 617 (1930). 
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END CORRECTIONS 


In the present work the resonance method has 
been employed, and it has proved possible to 
develop a technique by which different determi- 
nations of a resonant frequency are in very good 
agreement with each other. 

The gravest natural frequency was determined 
by finding the frequency at which the pipe 
responded most strongly to a tone of variable 
pitch. The response was picked up by ear, 
through stethoscope binaurals and rubber tubing 
connected to a short piece of small bore brass 
tubing fitted into one side of the pipe. The pipe 
was excited by a headphone, set into one side 
of the pipe and fed from an audiofrequency 
oscillator. The oscillator had a capacitance of 
about 22 wf, variable in steps of 0.001 uf, and a 
wood core inductor with a fixed inductance of 
about 0.2 henry. 

A change in frequency of the oscillator shifted 
the sound pattern in the room, so that for 
different frequencies the openings of the pipe lay 
at different positions in the sound field. To 
reduce errors that might arise from this source 
the oscillator was usually attenuated until the 
sound was scarcely audible to the unaided ear 
at a distance of one or two meters from the pipe. 

To locate a resonant frequency the condenser 
was first adjusted rapidly until the pitch was 
close to that desired. Then a number of pairs 
of condenser settings were made, the settings in 
each pair being on opposite sides of the resonant 
position, and the observer passing quickly from 
one of the pair of settings to the other and 
deciding which gave the louder response. From 
several pairs of settings it was possible to decide 
on the setting that would give the maximum 
response. The condenser was then set at the 
position thus determined, and the frequency was 
found by beats made with a tone of known 
frequency. 

For all frequencies above 112 ~ /sec. the known 
frequency was obtained from a set of adjustable 
tuning forks. For lower frequencies a reed organ 
was used, the frequencies of the reeds in question 
having been already found by beats between 
their overtones and tones from the set of ad- 
justable tuning forks. 

The sum of the two end corrections was ob- 
tained by subtracting the length of the pipe 
from half the wave-length, the latter being found 
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from the known speed of sound and the experi- 
mentally determined frequency. To find the end 
correction at the wide open end the other end 
was tightly closed and the resonant frequency 
was again determined. Assuming that the open 
end correction is not affected by changes at the 
other end, the end correction at a partly closed 
end was obtained by subtracting the open end 
correction from the sum of the end corrections. 
The slight enlargement in the cross section of the 
pipe where the exciting headphone and the brass 
listening tube were attached must have some 
slight effect on the resonant pitch and therefore 
on the end correction. But this effect is small. 
The volume of the opening for the headphone 
was less than 1/2000 of the volume of the pipe, 
and when the pipe was closed tightly at one end 
and left wide open at the other the end correction 
for the open end was in fair agreement with 
Wertheim’s equation a=g(b+d). 

Most of the work now reported was done with 
one or the other of two rectangular wooden tubes, 
each about 90 cm long, 9 cm X9 cm inside, and 
with walls about 12 mm thick. Both tubes were 
wide open at one end and provided at the other 
with adjustable openings of different sizes. The 
work was done during the summer, and the re- 
sults have been reduced to 25°C. 


HEIGHT OF MOUTH 


An increase in the height of the mouth of an 
organ pipe decreases the constriction at the 
mouth, and consequently raises the free fre- 
quency and decreases the mouth end correction. 
Figure 1 illustrates these effects. It shows that 
an extremely small opening at a closed end 
produces a very considerable change in pitch, 
and that after the opening is made a gradual 
increase in its size produces a less and less rapid 
rise in pitch. In the present case the first half- 
millimeter of mouth raised the pitch approxi- 
mately five-twelfths of an octave, whereas 170 
times that height of mouth was needed to raise 
the pitch a whole octave. Corresponding to this 
first rapid rise in pitch there is at first a rapid 
drop in the end correction.°® 





®If there is objection to speaking of a ‘“‘correction’”’ 
which in some cases is of the same order of magnitude as 
the quantity—length of pipe—to which the correction is 
applied, the reader may replace the term ‘‘end correction” 
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Fic. 1. Frequency (N) and mouth end correction (a) as 
dependent on height of mouth. For a; the length of the 
pipe was taken as the full interior length, whereas for a2 
the length was measured down to the top of the upper lip. 
The ordinates in the leftmost column give the rise in pitch 
from the condition with the mouth entirely closed. 


PLATES AT DIFFERENT ANGLES 


The open end of a wooden organ pipe is often 
partly covered by a lead flap that is bent when 
the pipe is being tuned. Such a flap was simu- 
lated by plates that could be attached at different 
angles at one end of the pipe. The plates were of 
sheet brass 1.6 mm thick, each had a width 
about the same as that of the interior of the pipe, 
and each had a length (from the edge where it 
joined the pipe) of about 11 cm. Figure 2 shows 
the lowering of pitch on attaching various plates. 
It will be seen that the effect produced by a 
plate is small until it comes down rather close to 
the end of the pipe. 

The accuracy with which readings of resonant 
frequencies can be repeated may be seen from 
Table I. The readings involved were taken on a 
morning during which the temperature of the 
room changed by only a little more than half a 
degree centigrade. Determinations of the fre- 
quencies were made alternately with the plate 
removed and with it attached. Determinations 
made on different days do not, of course, show 
as good an agreement, but the average deviation 
of six determinations made with no plate at- 
tached, and on different days, is 0.23~/sec., 
which is about 0.13 percent. 


by the words “length to be added” at the end in question. 
Then for the gravest mode of vibration the length of the 


pipe plus the lengths to be added at the two ends will 
give half the wave-length. 
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SLIT OF CONSTANT WIDTH 


Resonant frequencies were determined under a 
number of conditions in addition to those jp 
actual organ pipes. In one study one end of the 
pipe was wide open and the other was closed by 
a piece of 1.6-mm sheet brass in which there 
was a slit of constant width. This slit could be 
set at different distances from a wall of the pipe, 
as shown in Fig. 3. When such a slit is near a 
wall the motion of the air through the slit js 
more restricted, and the resonant frequency of 
the pipe is correspondingly lower,'® than when 
the same slit is farther from the wall. 

Figure 4 shows this effect. It will be seen that 
the narrower the slit the lower is the pitch, and 
that in these cases the lowering in pitch as the 
slit approaches the wall is approximately the 
same for all four slits—in the neighborhood of 
80 cents. 
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Fic. 2. Lowering of pitch produced by plates extending 
at different angles at one end of a pipe. The insert gives 
the angle (7) between the plate and the plane of the 
otherwise open end, the corresponding increase (6) in end 
correction, in mm, and the lowering of pitch produced by 
attaching the plate. The lines extending outward from A 
show the positions of the plates. The distance AB repre- 
sents the end correction without any plate, and the 
lengths of the dotted lines extending outward from B 
represent the increments in end correction when plates 
in the corresponding directions are attached. 


OTHER CASES 


A number of other cases have been examined. 
In one study one end of the pipe was closed by 
two pieces of 1.6-mm sheet brass between which 
was a slit of variable width extending from one 
side of the pipe to the other. In one series of 


10 Léon Marty, Revue d’acoustique 4, 13 (1935). 
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observations one edge of the slit was kept flush 
with a wall of the pipe, and in another series the 
middle of the slit was kept halfway from one 
wall to the other. In the former case the flow of 
air through the slit was somewhat obstructed by 
the presence of the wall, and Fig. 5 shows that 
for moderate widths of slit the pitch is therefore 
somewhat lower than for a symmetrically placed 
slit of equal width. 

In another series use was made of a smaller 
symmetrical rectangular opening. One dimension 
was maintained at 11.7 mm, and the other was 
varied from zero to the distance between the 
walls of the pipe. The changes were similar to 
those shown in Fig. 1, except that they were 
more gradual and not as great. 


COMPARISON OF EQUATIONS 


Cavaillé-Coll 


From the statement quoted above from 
Cavaillé-Coll it follows that the fundamental 
resonant frequency of a pipe should be inde- 
pendent of the height of the mouth. This is 
certainly not the case. For the pipe of Fig. 1 
Cavaillé-Coll’s rule would be correct for a height 
of mouth of 17.6 mm, which is about a fifth of 
the depth of the pipe. This is not far from the 
ratio of height of mouth to depth of pipe that is 
actually employed for organ pipes, so that for 
real organ pipes Cavaillé-Coll’s rule is probably 
sufficiently good. 


Wertheim 


In order to make use of Eq. (1) we must 
know the value of the g which appears in it. 
Wertheim found his results fitted best by taking 
g=0.187 in all cases of pipes that were open at 


TABLE I. Frequencies with plate at 90°. 








PLATE ATTACHED PLATE REMOVED 


173.79 
172.61 
173.73 
172.68 
173.72 
172.59 
173.71 
Av. 172.63 173.74 
Av. Dev. 0.04 0.03 


4 Difference 11 cents 
Additional end correction because of plate, 6.4 mm. 
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Fic. 3. Position of movable slit. We are looking out 
from the inside of the pipe. The slit s may be fixed at 
different distances x from one wall of the pipe. 


both ends, whatever the material of which the 
pipes were made. For pipes that were closed at 
one end the value of g depended on the material 
of which the pipes were made. For wooden pipes 
he found g=0.240. For pipes that were wide open 
at one end and partly closed at the other he 
made use of the value 0.187. To see how well my 
experimentally found end corrections agree with 
those obtained from Wertheim’s equation I have 
made calculations for several cases and with each 
of the two values for g. Figure 6 shows the case 
in which Wertheim’s equation gives the best 
agreement with my experimental results. Even in 
this case the agreement is far from satisfactory. 
It is possible that a somewhat better agreement 
might have been obtained by some other choice 
for the value of g. I have not tried making 
other choices. 

In order to be sure that I am not making 
some blunder in the use of Wertheim’s equation I 
have carried through the calculations for one set 
of his own experiments. The agreement is much 
better than that in Fig. 6. 


Brillouin 


Equation (2) can be solved for a by a method 
of successive approximation. Since this equation 
was obtained for a pipe that has a mouth in 
the usual position—that is, in the side of the 
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Fic. 4. Four slits of constant width at different distances 
from a wall of the pipe. In each case one end of the pipe 
was wide open and the other was closed except for the 
slit, and the slit was parallel to two walls as shown in 
Fig. 3. Abscissas are distances from a wall of the pipe to 
the nearer edge of the slit. The number on each curve 
is the width of the corresponding slit. 


pipe—I have applied it to only that one case. 
Figure 7 shows the result. For this particular 
pipe the error given by Brillouin’s equation is 
least when the mouth is extremely small, and 
also when it has a height of some one-fourth to a 
fifth of the depth of the pipe. As we move away 
from either of these regions the errors become 
rapidly worse. This fact is not surprising in view 
of the various assumptions and approximations 
that were made to obtain the equation. 


Rayleigh-Richardson and Bate 


The Rayleigh-Richardson equation (3), or the 
equations obtained from it, cannot be employed 
to find the magnitude of an end correction unless 
we already know the conductivity of the opening. 
Rayleigh" showed that the conductivity of a 
circular hole in a large thin wall equals the 
diameter of the hole, and he made calculations!” 
of the extent to which the conductivities of 
elliptic apertures of various eccentricities exceed 
the conductivities of circular apertures of equal 
area. For rectangular openings in which the ratio 
of the sides varied from 4:3 to 3:1 Bate’ 
found experimentally that the conductivity 


“Lord Rayleigh, Phil. Trans. 161, 95 (1871); Sci. 
Papers (Cambridge University Press), Vol. 1, p. 52; Sound, 
second edition (Macmillan, 1896), Vol. 2, p. 178. 

 — Rayleigh, Sound, second edition (1896), Vol. 2, 
p. 179. 
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Fic. 5. Slit in end of a pipe. In the upper curve the middle 
of the slit was at the middle of the end of the pipe. In 
the lower curve one edge of the slit was flush with the 
inside of the wall. 
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Fic. 6. Errors in end correction obtained by using 
Wertheim’s equation. This is for the same case as the 
upper curve in Fig. 5. In these calculations g has been 
taken as 0.187. 


equals that of an elliptic opening of the same 
area when the ratio of the sides of the rectangle 
equals the ratio of the axes of the ellipse. Making 
use of Rayleigh’s calculations for elliptic aper- 
tures and Bate’s relation between elliptic and 
rectangular apertures it is possible to calculate 
the conductivities of the rectangular openings 
that I have employed, and so to compare the 
experimentally found end corrections with those 
obtained from the Rayleigh-Richardson equation. 

Instead of proceeding as just outlined, and 
employing the Rayleigh-Richardson equation to 
calculate end corrections, it seemed easier to use 
each experimentally found end correction and 
make use of Eq. (5) to calculate the correspond- 
ing conductivity, and then to compare this 
conductivity with that calculated from the size 
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and shape of the opening. Figure 8 shows some 
of the results.” 

For a pipe with a mouth in the side—as in 
most actual organ pipes—Fig. 8 shows that the 
agreement is far from satisfactory when the 
mouth is cut up much farther than it is in real 
organ pipes. For a symmetrically placed slit 
which extends from one side of the pipe to the 
other the agreement is again far from good— 
especially at the wider openings. For short 
openings of moderate widths the agreement is 
better. These results are not surprising when we 
recall that a conductivity calculated from size 
and shape assumes that the opening is in a wall 
which extends to a considerable distance, whereas 
the walls for my larger openings extend to only a 
short distance. In fact, Bate® has shown that 
the conductivity of an opening depends not only 
on the opening itself but also on the surround- 
ings, and Robinson“ has pointed out that 
measured conductivities are in some cases many 
times as large as those obtained theoretically. 
For this reason the results shown in Fig. 8 do 
not offer any real test of the Rayleigh-Richardson 
equation. 

Bate’s equation is essentially a particular case 
of the Rayleigh-Richardson equation. Bate found 
the g in his equation running from about 1.0 
to 1.5. If we take g=1, and take the opening as 
circular, with its conductivity equal to its 
diameter,!! (8) is equivalent to (6). Now (6) is 
obtained from (5) by assuming RkS/c small 




















Height of Mouth (mm) 


Fic. 7. Errors in end correction obtained by using 
Brillouin’s equation. 


8 Rayleigh’s table of conductivities does not include 
ellipses in which the ratio of the axes exceeds 6 : 1, so 
that without making the calculations necessary to extend 
his Table I cannot include in Fig. 8 any results for my 
narrower slits. 

4 N. W. Robinson, Proc. Phys. Soc. London 46, 772 
(1934). 


enough to replace by its tangent. In my work 
kS runs from about 1.5 cm to 3 cm, so that a 


large opening would be needed to make kS/c 
sufficiently small to use either (6) or (8). If the 
Rayleigh-Richardson equation is valid it is 
obvious that I cannot expect any extended 
agreement between my results and Bate’s equa- 
tion. Figure 9 shows how they do compare. 

Bate found that his equation fitted rather 
satisfactorily the experimental results that he 
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Fic. 8. Ratio of conductivities of openings calculated 
from the Rayleigh-Richardson equation to the conductivi- 
ties calculated from size and shape. A, Mouth in side of 
pipe. B, symmetrical slit across end of pipe. C, shorter 
rectangular opening in end of pipe. 


obtained, but he made use of only three heights 
of mouth—1.00 cm, 1.25 cm, and 1.50 cm. For 
two of the cases shown in Fig. 9 it will be seen 
that if we deal only with slits of about these 
same widths my experimental results will fit the 
equation tolerably well with a choice of g in the 
neighborhood of 1.3. Except in this particular 
region the agreement is far from good. 


SUMMARY 


On comparing the results obtained from the 
various expressions for an end correction it is 
seen that each of the equations is in satisfactory 
agreement with the experimental values in some 
limited range, and that none of them—unless 
perhaps the Rayleigh-Richardson equation, for 
which the evidence is not conclusive—fits the 
experimental results over any considerable range. 
No equation that I have obtained empirically is 
much better. Nevertheless, the concept of an end 
correction is of considerable value, and it is to 
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Fic. 9. The constant g in Bate’s equation. Ordinates 
are values that g would have to take for my experimental 
results to be in agreement with the equation. A, mouth 
in side of pipe. B, symmetrical slit across end of pipe. 
C, shorter rectangular opening in end of pipe. 


be hoped that some equation which fits experi- 
mental results satisfactorily will soon be found. 


APPENDIX 


In certain cases Rayleigh® found that the pitch of 
maximum resonant response of an organ pipe was some- 
what lower than the pitch of the same pipe when blown. 


1 Lord Rayleigh, Phil. Mag. 3, 462 (1877); 13, 340 (1882); Sound, 
second edition (Macmillan, 1896), Vol. 2, p. 219. 
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Bukofzer"* has found that this also holds true of panpipes 
when they are blown mechanically. The question arose as 
to whether this relationship holds for organ pipes jp 
general. Several organ builders kindly made available for 
a test of the matter a total of a dozen open wood pipes, 
Each of these was blown at the pressure for which it had 
been voiced, and the frequency thus obtained was com- 
pared with the fundamental resonant frequency as de- 
termined by the method described above. The slight 
change in pitch produced by the addition of the exciting 
phone and the listening tube were unimportant, because 
the resonant frequency and the frequency when blown 
were both of them determined after these had been 
attached. 

The result is in general not in agreement with that for 
the pipes examined by Rayleigh. With two of the pipes 
now tested the resonant frequency was a trifle lower than 
the frequency when blown, but with the rest the resonant 
frequency was the higher. The difference was not great. 
Excluding one pipe that did not speak well, the average 
difference amounted to about 20 cents, and the maximum 
was about 50 cents. Apparently it is not the case that 
organ pipes when blown are always somewhat sharper 
than their fundamental resonant pitch, nor that they are 
always somewhat flatter. Whether they are sharper or 
flatter may depend on the voicer who does the adjusting, 

In conclusion I wish to express my most hearty thanks 
to my colleague James F. Koehler, who designed and 
built the oscillator for me, and to the four organ builders 
who provided organ pipes: Aeolian-Skinner Organ Com- 
pany; Austin Organs, Inc.; Estey Organ Corporation; 
The Ernest M. Skinner and Son Company, Inc. 





16 Manfred Bukofzer, Zeits. f. Physik 99, 643 (1936). 
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Measurements of Orchestral Pitch 


O. J. MurRpPHY 
Bell Telephone Laboratories, New York, New York 


(Received September 8, 1940) 


INCE the adoption by the American Stand- 

ards Association ago of the 
frequency 440 cycles per second as the pitch of 
the note A in the treble clef of the musical scale 
it has become a matter of some interest to 
determine how closely this standard is being 
adhered to in the actual performance of music in 
concerts. To this end equipment was set up by 
the author which permitted the rapid and 
accurate determination of the pitch of the note 
A during concerts which were broadcast by 
radio. A series of measurements extending from 
September, 1939, to January, 1940, and com- 
prising some 750 observations was made on 
various types of musical programs available from 
American broadcasting stations; it was found 
that the mean value of pitch for all observations 
was 441.3 cycles per second and that the extremes 
of variation observed were 434 in the case of a 
dance band and 448 observed on two occasions 
for string quartets. Approximately 70 percent of 
the observations were found to lie within the 
range from 439 to 443 cycles per second. Semi- 
permanently tuned instruments such as pianos 
and organs showed almost no variation in pitch 
during the course of a given performance and a 
relatively narrow range of variation from instru- 
ment to instrument. Orchestras showed as much 
as 2 cycles per second random variation during 


some years 


the performance of a given selection, this varia- 
tion generally being due to different instruments 
in the group successively sounding A; super- 
imposed on this random variation was a definite 
upward trend of pitch as the concert progressed, 
sometimes amounting to 2.5 cycles per second in 
the course of an hour. Symphony orchestras 
averaged more than one cycle per second higher 
in pitch than either light concert orchestras or 
dance bands, the mean values being 441.8, 
440.6 and 440.4, respectively. String groups were 
consistently higher in pitch than any other 
class studied and showed a wide spread in the 
observed values. Miscellaneous solo instruments 
such as harp, guitar, violin, cello, etc., showed 
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the widest variation in pitch but the average 
value of all these instruments taken together 
was 441.5 cycles per second. Brass bands showed 
an average value of 441.4. 


METHOD OF OBSERVATION 


The author claims no originality in the method 
of making these observations. Similar investiga- 
tions have been carried out in several European 
countries by a variety of means, and after some 
consideration the method used by Van der Pol 
was adopted with some modification. 

This method consists of filtering out the 
frequency band from 420 to 460 cycles per 
second from the music voltage supplied by a 
radio set to its loudspeaker. The voltage allowed 
to pass in this frequency range was applied to the 
control grid of a cathode-ray tube in series with 
a fixed negative d.c. biasing voltage of such 
magnitude that the spot on the screen of the 
tube was visible only when the positive peaks of 
music voltage appeared. At the same time 
voltage from a highly stable oscillator whose 
frequency was adjustable over the range from 
420 to 460 cycles per second was passed through 
a phase-shifting network to provide two com- 
ponents having a 90-degree phase separation and 
these components were then applied to the two 
pairs of deflecting plates of the cathode-ray tube. 
In the absence of bias and music voltage input 
on the control grid, these two quadrature com- 
ponents of voltage from the oscillator would 
produce a luminous circle on the screen of the 
tube, this circle being formed by the spot tracing 
out the path once for each cycle of the oscillator 
voltage. The bias, however, prevents the spot 
from being visible except during positive half- 
cycles of incoming music voltage in the frequency 
range passed by the filter. Thus it will be recog- 
nized that when the music voltage corresponds 
exactly in frequency to that of the oscillator a 
half-circle are will appear on the screen of the 
tube in a stationary position and when the two 
frequencies do not exactly agree the arc will 
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revolve in one direction or the other at a speed 
corresponding to the difference in frequencies, the 
direction of movement indicating whether the 
oscillator frequency is higher or lower than that 
of the incoming music voltage. The arc may 
always be brought to rest, of course, by adjusting 
the frequency of the oscillator and when this js 
done the oscillator frequency is that of the ip. 
coming music voltage. This frequency is then 
read from the calibration of the oscillator. 

It will be appreciated that the oscillator used 
for this purpose should be a highly stable one 
whose frequency is little affected by change of 
supply voltage, temperature, age and other 
factors and whose frequency is readily and 
quickly adjustable within the range of interest, 
These requirements seemed to be most easily 
met by a type of oscillator employing a vacuum 
tube of very high mutual conductance associated 
with a twin-T network of resistances and con- 
densers, one of the resistances being variable 
under control of the operator to adjust the fre- 
quency and another of the resistances being 
thermally sensitive so that bridge-stabilized oper- 
ating conditions could be achieved while main- 
taining a power output well within the class A 
amplifier rating of the tube. Mica condensers of 
low temperature coefficient were employed in the 
network and the oscillator, when in operation, 
showed a gratifyingly high stability of frequency. 
It was calibrated initially by comparison with 
the frequency standard of Bell Telephone Lab- 
oratories and subsequent calibration checks were 
frequently made while the equipment was in use 
by tuning in the National Bureau of Standards 
Radio Station, WWV, at Beltsville, Maryland 
which broadcasts the standard pitch of 440 
cycles per second on a carrier frequency of 5 Mc 
continuously 24 hours per day. 

It was found that after an initial warming up 
period of 15 minutes the frequency did not vary 
more than +0.1 cycle at any time during many 
10-minute periods of checking against WWV. 
A long-time drift was observed amounting to 
approximately 1.5 cycles during the four-month 
period of observation; this drift was most rapid 
during the first two months and tended to level 
off toward the end of the observation period. 
Correction”of the data was made to take this 
drift into account and it is believed that the over- 





Speed 
eS, the 
er the 
n that 
> May 
usting 
this is 
he in- 
3 then 


r used 
le one 
nge of 

other 
v and 
terest. 
easily 
2cuum 
ciated 
d con- 
triable 
he fre- 

being 
1 oper- 
main- 
lass A 
sers of 
in the 
ration, 
uency. 
n with 
e Lab- 
‘S were 
in use 
ndards 
ryland 
of 440 
f 5 Mc 


ing up 
yt vary 
many 
WWV. 
‘ing to 
month 
t rapid 
0 level 
period. 
ke this 
e over- 


MEASUREMENTS OF 


all accuracy of the oscillator was always within 
Q j 
+0.1 cycle. 


PROGRAM MATERIAL OBSERVED 


This study was necessarily limited to broadcast 
performances of music but embraced musical 
organizations performing in many different parts 
of the United States. No consistent regional 
difference was observed. The weekly recurring 
nature of many radio programs made it possible 
to obtain a series of observations over a period 
of time on several prominent musical organiza- 
tions as well as detailed readings during the 
course of any one concert. Data for four im- 
portant symphony orchestras on which extensive 
observations were made indicate that the maxi- 
mum variation in average pitch during any one 
concert was about 2.5 cycles per seccnd while the 
maximum variation encompassed in all concerts 
(16 in number) was approximately twice this 
amount or 4.7 cycles per second; all four or- 
chestras were very nearly alike in their range of 
variation. In nearly all cases where symphony 
orchestras and solo instrument combined in the 
performance of concertos the orchestra tended to 
adapt its pitch to that of the solo instrument, 
usually dropping slightly for piano and nearly 
always rising considerably for violin or cello. 
After the performance of a concerto the orchestra 
frequently returned to approximately its original 
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pitch for subsequent selections. The effect of 
retuning during intermission was also observable 
in most cases, the orchestras usually returning 
to approximately the pitch with which they 
began the performance after having drifted 
upward during the first half of the concert. 
The tendency of the pitch to rise during the 
course of an orchestral performance was almost 
universal. 

In the orchestral observations an attempt was 
made to average out the random variations due 
to different instruments successively sounding A 
and to obtain a mean value for the group as a 
whole; this was done by seeking a setting of the 
oscillator dial which, over a three- or four-minute 
period of observation, would result in about as 
much movement of the luminous arc in one 
direction as in the other. In the case of solo 
instruments, particularly organs and pianos, it 
was sometimes possible to make the are stand 
still for several seconds at a time. 

A summary of all the data taken is presented 
in Table I. No attempt has been made to assess 
the relative importance of the various groups 
listed, and relative numbers of readings in the 
various classes reflect rather the availability of 
the program material at the times when observa- 
tion was convenient. Histograms which yield a 
general impression of the scattering of the data 
are also shown (Figs. 1-5) for some of the classi- 
fications. 


TABLE I. Total number of readings—749; Average frequency for all readings—441.3 cycles per sec. 























No. OF 
Cussnnnn No. OF No. OF | MIN. Oss. MEAN Max. Obs. 

TYPE OR INSTRUMENTS CONCERTS | READINGS FREQ. FREQ. FREQ. 
Symphony orchestras 19 | 150 207 437.6 | 441.8 446.7 
Light concert orchestras 19 76 85 437.7 | 440.6 444.5 
String groups 11 55 74 439.5 443.4 448.4 

Organs 
a. Pipe 10 26 27 435.5 440.2 442.0 
b. Electric 8 8 8 437.0 | 439.9 440.9 

Pianos 
a. Concert and studio 30 91 101 435.6 441.3 446.3 
b. Dance band 10 10 10 435.6 440.1 446.4 
Misc. solo inst. 39 47 52 434.7 441.5 446.8 
Brass bands 3 11 14 438.6 441.4 443.9 
Dance bands 76 164 | 171 433.7 | 440.4 443.8 
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Translation from cycles per second to terms 
involving musical intervals may easily be made 
by recognizing that for A=440.00 cycles per 
second, A-flat is 415.30 and A-sharp is 466.16. 
Thus the mean of all observations, 441.3 is about 
1/20 of a half-tone or 5 cents* higher than the 
accepted standard. The variation of 2.5 cycles 
per second, found during the performance of 


* The cent is a term commonly employed by designers 
and builders of musical instruments and is defined as the 
interval between any two tones whose frequency ratio is 
the twelve-hundredth root of two; therefore, an octave 
composed of twelve equally tempered half-tones is equal 
to twelve hundred cents and each half-tone is represented 
by one hundred cents. 
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symphony orchestras, represents a variation of 
approximately 1/10 of a half-tone. The extremes 
of the range for all observations, 434 to 449 
represents 55 cents or approximately a quarter. 
tone. 

Some few measurements were made on singers 
with orchestral accompaniment. No significant 
difference was observed in orchestral pitch be. 
tween vocal and nonvocal selections but the 
moment-to-moment variation in the singer's 
pitch was found to be so great that the results 
seemed of questionable value and are, therefore. 
not included here. 








tion of 
tremes 
to 448 
uarter- 


singers 
Lificant 
‘ch be. 
ut the 
singer's 
results 
erefore, 





JANUARY, 1941 oe 





S. A. VOLUME 12 





Improved Techniques in the Study of Violins* 


R. B. Watson, W. J. CUNNINGHAM AND F. A. SAUNDERS 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received December 7, 1940) 


I. FREQUENCY-RESPONSE CURVES OF VIOLINS 


N carrying out the investigation on the 
I properties of old and new violins, the response 
of the violin to a single exciting frequency was 
deemed of importance. In order to obtain such 
a response, a method has been devised to excite 
the violin at a single frequency. This is a modi- 
fication of a method originally suggested by 
Backhaus and Weymann.! One of the strings 
(usually the G string) is replaced by a phosphor- 
bronze wire 0.015 inch in diameter, which is 
tightened until about the same tension is 
obtained as that produced by the G string itself. 
An alternating current of variable frequency 
produced by an audiofrequency oscillator and 
properly amplified is passed through the wire. 
To protect the violin the current is limited to 
1.0 ampere so that the wire is never too hot to 
touch. A small but powerful electromagnet is 
mounted close to the violin bridge so that it 
produces a strong magnetic field (10,000 gauss) 
across the wire, the direction of the field being 
nearly perpendicular to the surface of the body 
of the violin. The reaction between the alter- 
nating current in the wire and the magnetic field 
causes a mechanical force to act on the wire, 
making it vibrate at the frequency of the 
current. In these measurements, only the vibra- 
tions of the violin body are being studied, and 
hence it is desirable to eliminate the natural 
frequencies of the wire as far as possible. This 
is done by placing soft absorbent cotton between 
the wire (and the other strings) and the finger 
board. The wire then has a fairly uniform 
response over the frequency range used. Its 
vibrations are transmitted to the violin body 
through the bridge. The sound radiated from 
the violin body is received by a microphone, 
whose output is amplified and automatically 
recorded, on a logarithmic pressure versus 
frequency scale. The complete frequency-re- 


* Presented at the Chicago meeting of the Acoustical 
Society of America, November 15 and 16, 1940. 


1H. Backhaus and G. Weymann, Akustische Zeits. 4, 
302 (1939). 
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sponse curve is thus obtained in one brief 
operation, each point on the curve indicating 
the response of the violin to the corresponding 
exciting frequency. 

A block diagram of the entire experimental 
arrangement is shown in Fig. 1. The automatic 
recording device is indicated by its trade name, 
Audiograph. The mounting for the violin is 
shown in Fig. 2, without the cotton between 
the strings and finger board. The electromagnet 
is in position, and the various electrical leads are 
shown. The violin is mounted on a T-shaped 
framework which is hung in a sound stage.? The 
framework is used to reduce to a minimum any 
distortion in the sound field due to the mounting, 
and the sound stage is used to eliminate as far 
as possible resonances in the room. The violin 
itself is supported at three points: the neck, 
the button at the end of the tail piece, and one 
of the clamp screws of the chin rest. The neck 
rests on a felt pad inside a curved metal stand. 
A string is looped around the button to support 
the violin vertically. Another piece of string 
passed behind the chin-rest clamp screw provides 
just sufficient tension between the screw and a 
soft rubber pad attached to the metal support 
to prevent rotation of the violin about a line 
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Fic. 1. Block diagram of apparatus. 


2F, A. Saunders, J. Acous. Soc. Am. 9, 81 (1937). 
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Fic. 2. Mounting arrangement for the violin. 


parallel to its length, yet to leave the chin rest 
otherwise free. 

The improved technique produces a curve 
representing the response at each single fre- 
quency, resolution of details within a semitone 
being possible. The entire curve is obtainable in 
five minutes. The previous method,? involving 
harmonic analyses of steady tones separated by 
a semitone interval, produced an averaged curve 
with the loss of much of the finer detail. Much 
labor and at least several hours’ time were 
spent in obtaining this latter curve. 


II. TRANSIENT RESPONSE OF THE VIOLIN 


The similarity of frequency-response curves 
for old and new violins, as obtained by either of 
the methods mentioned above, raises doubts as 
to the importance of the steady-tone results. 
Transient measurements of the growth or decay 
of the violin tone should give further information 
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as to the similarities and differences between 
violins. In such experiments, the sound from the 
violin is received by a microphone, whose output 
is amplified by a specially constructed transient 
amplifier and applied to the plates of a cathode. 
ray tube (see Fig. 1). The electrical circuits 
were so designed that the over-all time constant 
is 0.002 second. The luminous trace formed on 
the screen of the cathode-ray tube is photo- 
graphed by a high speed camera,’ of the General 
Radio Type 651 using a film speed of about 
ten feet per second. Because of the continuous 
motion of the film, no time sweep is required 
with the cathode-ray tube. However, the camera 
was found to have a considerable variation of 
speed during a single run, and hence an arrange- 
ment was devised to record a timing trace on 
the film. A gaseous discharge tube is used, so 
that when driven with a standard 1000-c.p.s. 
source, it produces an intense source of light for 
a brief instant once per cycle. An optical system 
projects this to the camera, so that a dot is 
recorded on the film once every 1/1000 second. 
Typical records are shown in Fig. 3. 

Earlier attempts in this transient study using 
hand bowing resulted in very complex records 
because of the many harmonics present in the 
tone. Since the damping is a function of fre- 
quency, the various harmonics decayed at 
different rates, causing rapid changes in the 
wave form. Because of this complexity, the 
interpretation of the records was practically 


3 This camera was purchased with funds from a grant of 
the American Philosophical Society. 


Fic. 3. Pure tone and 
impulse decay curves. 
Top, frequency of main 
air resonance; center, fre- 
quency of first body reso- 
nance; bottom, impulse 
decay. 
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impossible. Pure tone excitation as described 
above is now used, and the resulting records are 
comparatively simple. The growths and decays 
are obtained by intermittently making and 
breaking the circuit to the phosphor-bronze wire. 
If the frequency is set at one of the resonance 
peaks of the violin, as determined from the 
steady-state frequency-response curve, the decay 
is of a single frequency and the damping constant 
of the violin for this frequency is easily com- 
puted. If the exciting frequency lies between 
beats occur in the decay as 
predicted by the theory for a body with two 
adjacent natural frequencies. 


two resonances, 


III]. EXPERIMENTAL RESULTS 


The frequency-response curves obtained may 
be used to give a direct comparison between 
different violins. Certain general characteristics 
are found for violins of known good quality, 
compared with inferior violins. For the good 
quality violins, the frequency-response curves 
seem to be on the average fairly uniform over 
the frequency range from 300 to 4000 c.p.s., with 
no pronounced wide hills or valleys, and from 
about 4000 to 6000 c.p.s. to decrease 
roughly linearly. For the cheap violins, the 
response is more or less irregular and weak in 
the lower frequency region, and decreases at 
higher frequencies more irregularly with often 
too much response above 6000 c.p.s. A typical 
example is shown in Fig. 4, the upper response 
curve being for a°cheap violin. Note the hill 
around 1000 c.p.s. and the valley around 1500 
c.p.s., compared with the more uniform varia- 
tions in the curve for the better violin. Also 
note the difference between the two at 300 
c.p.s., which is the air resonance frequency. 

Only a qualitative comparison can be made 
between curves taken by the harmonic analysis 
and pure tone methods, since in the former some 
averaging is implicit in the formation of the 
curve while in the latter there is none. Such a 
comparison is shown in Fig. 5. Further interpre- 
tation of the curves found by the pure tone 
method may be made by forming average 
values of pressure response over a considerable 
range of frequencies. This is done by integrating 
the area under the pressure versus frequency 
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Fic. 4. Frequency-response curves for a cheap (upper) and 
good quality (lower) violin. 


curve by means of a planimeter. The entire 
curve is divided into octaves instead of the 
somewhat smaller divisions used by Meinel‘ in a 
similar type of analysis. Such averages appar- 
ently agree fairly well with similar averages 
obtained from the frequency-response curves 
taken by the harmonic analysis method. 

The decay and growth measurements are 
made at the frequencies of the main air resonance 
and the first body resonance of the violin. In 
general, the tone of the air resonance dies away 
more slowly than that of any body resonance. 
Higher frequencies are difficult to investigate 
because the presence of other natural vibrations 
produces beats in the decay curves. The decay 
constants obtained so far indicate that tones 
produced by inferior violins new or old die away 
more rapidly than those of better quality 
instruments. 

In addition to the ordinary decay measure- 
ments, described above, records are obtained 
with the transient apparatus for an impulsive 


4H. Meinel, Akustische Zeits. 4, 89 (1939), 
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Fic. 5. Comparison of frequency-response curves for the 
same violin by pure tone excitation (solid curve) and har- 
monic analysis method (dotted curve). 


type of excitation. The violin is struck sharply 
on the back with the knuckles, and the resulting 
transient is recorded. The air resonance and the 
first body resonance are primarily excited by 
this impulse. These two frequencies are recog- 
nizable in the transient record, though other 
frequencies are also present. A typical record is 
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shown in Fig. 3 for a good modern violin. The 
total duration of this type of record is measured 
and the complexity of the tone structure noted, 
It appears that in agreement with the ordinary 
decay measurements, the duration is longer for 
the better quality violins. The tone is purer for 
the better violins than for the inferior ones, with 
a greater excitation of the air and lowest body 
resonance frequencies in comparison to the 
higher frequency components. This agrees with 
the observation that usually the air resonance js 
more prominent in the steady-state frequency- 
response curves for the better violins, than jn 
those for the poorer ones. 

All these measurements and conclusions are 
tentative, since only a few violins have been 
measured with the improved apparatus. Further 
work is in progress and will provide more data 
on which to base more definite conclusions. 

The authors gratefully acknowledge the as- 
sistance of Mr. H. W. Rudmose in the design 
and construction of the 1000-cycle timing device, 
and of Dr. L. L. Beranek in the construction of 
the transient amplifier. 
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Trends in Acceptable Tone Quality as Evidenced in Modern Musical Instruments 


ABE PEPINSKY 
Department of Music, University of Minnesota, Minneapolis, Minnesota 
(Received November 25, 1940) 


HE past decade has revealed a number of 
electronic machines, simulating other mu- 
sical instruments, generally using the pipe-organ 
as a prototype. Most organists, however, resent 
such innovations because the ‘‘adaptation’’ of 
traditional ‘‘stops,’’ representing various instru- 
mental effects, do not sound sufficiently like 
those of the pipe-organ. One need have but little 
patience with such an attitude because the or- 
ganist’s traditional stops themselves offer only 
a first approximation of the instruments they 
represent. Musicians and laymen have, however, 
in general been greatly intrigued by the possi- 
bilities of these new music-makers. One organist, 
for whom the musician has great respect, ex- 
pressed himself very sensibly, saying that ‘‘these 
machines are on their way in, not out, and we 
had better take an interest in them and under- 
stand their possibilities.” Too many of the ordi- 
nary “garden-variety’’ of organists attempt to 
play the literature of the pipe-organ on these 
electronic instruments with no knowledge of their 
capacity and idiosyncracies and thus without 
any notion of adaptation of the literature de- 
signed by the composer for quite a different 
mechanical apparatus. Such attempts can only 
result in prejudice against these new instruments. 
To do justice to such novel possibilities if the 
older literature is to be played at all on these 
machines, the music must naturally be recon- 
ceived; i.e.,—rearranged. But if the composer is 
sufficiently stimulated, he will create with the 
new instrument in mind, instead of ‘‘rehashing”’ 
conventionally accepted music. So-called ar- 
rangements are at best merely makeshifts and 
are often referred to as derangements. Such adap- 
tations unfortunately produce stagnation, to the 
detriment of possible advance, and result in dis- 
couragement of creative effort. 
The issue must be squarely faced in search for 
a solution of the problem. There is truly an 
embarrassment of riches in some of the electronic 
instruments, which in the hands of an ill-advised 
player would be much like a loaded blunderbuss 


403 


in the hands of a child. Modern instruments offer 
opportunity to create many new qualities, but if 
performers on these instruments are content 
merely to imitate tone-qualities with which the 
public is already familiar, there is and will be 
much to apologize for; because even with the 
seeming embarrassment of riches implied by the 
huge range of intensities and frequencies avail- 
able in the electronic-instruments, there are defi- 
nite limitations imposed by the design of the 
machines. The possibilities are either definitely 
fixed and constant, as in the pipe organ, with 
regard to the relative intensities of the overtones 
of the complex note, or again flexibility is only 
to be found in a limited selection of the harmonic 
series. 

It is obvious from analysis of the factors which 
contribute to artistic effects in the interpretation 
of music that there must be a conscious control 
of timbre in voice and instruments by the artist. 
An instrument with fixed relations among the 
overtones must then be dependent merely upon 
variation in intensity. The interpretive artist 
as well as the composer must also think in terms 
of the gross differences in the various registers 
of voice and instrument. Furthermore it is found 
that many of the conventional instruments offer 
definite variation in tone quality from note to 
note even in the same register. Then, too, the 
artist consciously makes use of possible tran- 
sients, some of them in the form of noisy by- 
products in attack and release and within the 
duration of the tone for the control of expressive 
values. And it is known that one of the greatest 
factors in display of emotion in musical per- 
formance is the deviation from the steady-state 
tone by means of the vibrato, intensity tremolo 
and cyclic changes of timbre. These three va- 
riants may be combined in the general term of 
“sonance’’ so aptly conceived by Seashore’s 
associates, but which are individually controlled 
by the interpretive artist. But it must be re- 
membered that an analysis of these factors in 
terms of average rates and extents or other 
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characteristics does not offer a true analysis of 
conditions necessary for artistic effects. An in- 
strument, therefore, which offers any of these 
factors in terms of such averages definitely tends 
to limit freedom of expression. Seashore’s co- 
workers give fine evidence in their phono-photo- 
grams of the wide range in variation of such 
elements of expression, but choose to interpret 
their results in terms of the average rates and 
extents of the vibrato rather than to carry out 
a detailed analysis to obtain the meaning of the 
rate of change of these variants. Tone quality is 
known to be not merely dependent on the rela- 
tive intensities of the overtones of the complex 
note, and cognizance should be taken of the 
researches instigated by Firestone and his asso- 
ciates and by Lewis which indicate a necessity 
for the consideration of phase relationships be- 
tween the components of musical sounds. Control 
of fine increments of frequency change associated 
with what is known as tendency tones offers a 
further heightening of interpretive effects. 
Manufacturers of modern electronic instru- 
ments have by no means attempted to exhaust 
the known possibilities at their command. Any 
number of patents will probably never be com- 
mercially utilized. A sufficient approximation to 
satisfy the buying public is obviously the tem- 
porary order of the day, but competition and 
the ever-increasing appreciation of artistic values 
will tend to further stimulate inventive genius. 
The new instruments, with the manufacturer’s 
choice of tonal qualities and resultant psycho- 
logical effects upon the buyer, beautifully reflect 
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the trend of current opinion as to what is today 
acceptable in tone quality, for it is deemed wise 
to give the public what it thinks it wants. Serious 
musicologists are attempting to describe and 
systematize the meaningful differences in quality 
which arise in the manipulation of the inter. 
pretive vehicles of musical expression. A reveal- 
ingly significant approach to probable trends in 
acceptable tone quality is to be found in the 
reflection of the public’s taste for the timbres of 
modern music machines. If it is agreed that mere 
imitation of the timbre of conventional instru- 
ments is not being accomplished or attempted, 
a strong predilection is noted for rather pene- 
trating nasalized effects. It is hardly fair to 
generalize in this manner, and yet anyone fa- 
miliar with the Michael Praetorius organ of pre- 
Bach days will be strongly reminded of its 
similarity to some of these modern instruments, 
It has been interesting also to watch the shaping 
of legitimate organ registration towards the 
reedy, stringy choirs in the playing of polyphonic 
literature. Such Praetorius choirs of pipes have 
been added to many of the big organs of the 
world and modern literature is rapidly taking 
advantage of these rich mixture stops. This is 
quite contrary to what was considered desirable 
in the late neoromantic school of organ playing, 
and thus we see that taste in tone quality, like 
style in dress and foods, is subject to fad and 
fancy; and the composer of today will do well 
to take advantage of the tremendous possibilities 
of the new instruments and to further stimulate 
the inventor as well as the performer. 





day 
Wise 
10us 
and 
lity 
\ter- 
eal- 
Is in 
the 
s of 
nere 
stru- 
ted, 
ene- 
r to 
» fa- 
pre- 
its 
nts. 
ping 
the 
onic 
lave 
the 
king 
is is 
‘able 
ying, 
like 
and 
well 
ities 
late 








JANUARY, 1941 te 





VOLUME 12 


Masking Effects in Practical Instrumentation and Orchestration 


ABE PEPINSKY 
Department of Music, University of Minnesota, Minneapolis, Minnesota 
(Received November 25, 1940) 


HIS paper, an investigation of masking as 

it affects practical instrumentation and 
orchestration, is an attempt to furnish a partial 
answer to the question of why the arranging of 
musical sounds into meaningful patterns is more 
than a mechanical building of chord structures 
according to prescribed formulae. 

Instrumentation is primarily the study of pos- 
sibilities and limitations of musical instruments 
and the production of sound effects; whereas 
orchestration consists of the sensible combination 
of instruments to enrich the colors of the musical 
spectrum. There is now considerable physical 
knowledge of musical instruments and their dif- 
ferentiated registers at various intensity levels. 
Physically, too, instruments in combination can 
be examined for the relationships of overtone 
structures. But experience shows that instru- 
ments in performance are not heard that way. 
The spectral analysis of even one instrument 
differs from that anticipated by the owner of a 
trained ear. Wegel and Lane offer the psycho- 
logical point of view that the relative strengths 
of the partials must be affected by a masking 
of higher partials by lower, and weaker by 
stronger overtones, even if the effects of phase 
relationships are disregarded. 

The relationship of one instrument to another 
within an ensemble, and the quality of the com- 
posite tone produced has been empirically ex- 
plored by great composers. Trial and error are 
important here, however, and reasons for the 
existence of intra- and inter-instrumental rela- 
tionships which influence the tonal sensation 
have never been scientifically investigated. The 
present report indicates the effects of masking 
on the tone quality of one instrument in the 
presence of others. Further consideration is given 
to the fact that strong partials of one insirument 
influence the response to a composite tone of 
that instrument as well as the partials comprising 
the combined tones of other instruments in the 
ensemble. The Gestaltist’s point of view that the 
whole is more than the sum of its parts is sup- 
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ported in this attempt to show that an ensemble 
of instruments in performance is perceived as 
something quite different from that which the 
mere addition of partial intensities might lead 
one to expect. 

Luroy C. Krumwiede made calculations under 
the direction of the writer for an ensemble con- 
sisting of a cornet, French horn, trombone, bari- 
tone and EF’ tuba. These instruments presented 
a simple chord, the tonic of B” major in various 
settings and degrees of dynamics, to test the 
hypotheses: (a) that masking in ensemble-play- 
ing consists of an accumulation of the masking 
effects produced by the components of the com- 
plex tones and (b) that both good and bad effects 
in orchestration can be accounted for in part 
by the masking effects produced in sensation by 
such tonal combinations. The procedure con- 
sisted of an investigation of the complex tone 
produced by each instrument independently to 
determine the influence of inner relationships 
between partials upon auditory sensation. Then 
the results for each instrument were combined 
to ascertain the cumulative effects when all five 
instruments sounded together under conditions 
of various degrees of dynamics and arrangement 
of tones of the chord. 

Extensive use was made of Sivian, Dunn and 
White’s data with respect to absolute amplitudes 
and spectra of the five instruments under con- 
sideration. Further utilized were the phono- 
photographic spectral analyses of these instru- 
ments developed by Seashore’s associates. Arbi- 
trarily choosing 40 db to signify a mezzo forte 
tone level as an average reference intensity, a 
sensation level of 60 db was designated a forte 
tone level, and 20 db a piano tone level. The 
assignment of the actual sounding notes within 
the arbitrarily chosen chord was as follows: E” 
tuba, B’\4=58 c.p.s.; baritone, B’.,=116 c.p.s.; 
trombone, D4.= 290 c.p.s.; French horn, F4;= 348 
c.p.s.; and cornet, B’;9=464 c.p.s. 

The Iowa Laboratory data indicate that there 
is not only a wide variation in number and 
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strength of partials between instruments, but 
also great variation in partial strength between 
a single instrument playing piano and forte. This 
material was applied to the present problem, 
with necessary substitutions, as for the cornet’s 
B’ 59 instead of A4g=440 c.p.s., and the baritone’s 
B’., instead of As;=110 c.p.s., inasmuch as the 
Seashore data are limited to definite tones of the 
instruments. 

The next step was a comparison of total aver- 
age pressures produced by each instrument. 
Computations made by Sivian, Dunn and White 
were utilized. Since no data were available for 
the baritone, it was experimentally established 
that the figure for the trombone would be a 
good approximation. Inasmuch as Sivian, Dunn 
and White’s measurement involved the BB’ tuba 
instead of the E” tuba, and was taken at a 
distance of 5 feet from the source of sound instead 
of 3 feet as with the other instruments, computa- 
tion based on the inverse square law involving 
these relative distances had to be made to obtain 
the proper pressure, allowing also for the substi- 
tution of the E’ for the BB’ tuba. Because these 
pressure measurements of the instruments repre- 
sent the total average pressure obtained in play- 
ing a group of musical compositions covering all 
gradations in tone from pianissimo to fortissimo, 
the figures obtained represent an average of the 
intensity range. And since 40 db is taken to 
represent an average degree of intensity level 
for physical measurements, it may be assumed 
that the pressure levels established by Sivian, 
Dunn and White represent the requisite pres- 
sures for the production of an average tone in 
auditory sensation. It is then only necessary to 
translate these findings in terms of the 60-db 
and 20-db levels. Pressure values for each instru- 
ment now had to be converted into pressure per 
partial residing within the complex tone for the 
higher and lower sensation levels of this study. 
This is readily accomplished by plotting the 
information obtained on the conventional graph 
representing the threshold of audibility and then 
translating the sound-pressure, measured in bars, 
into sensation units. 

With the relative partial strengths of each 
instrument now translated into sensation units 
at the piano and forte levels it is possible to 
proceed to the study of the masking effects of 
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the partials of the individual instruments by 
applying the data obtained to Fletcher's graphs 
adapted from the Wegel and Lane shifts jp 
threshold values throughout the musically sig- 
nificant frequency range. Fletcher further indi. 
cates that the total masking effect produced by 
a complex tone is equal to the sum of the effects 
produced by each individual component, and 
also calls attention to overlapping effects of the 
components of a complex note. It is thus possible 
to predict the cumulative masking effect when 
two or more instruments are sounded together, 
because of overlapping effects of strong com- 
ponents lying within the composite tone. 

Due to the extreme sensitivity of the end- 
organ of hearing for a definite region of the 
frequency range and due to the threshold shifts 
for some of the components as a result of masking 
effects, the perception of some of these instru- 
ments is very surprising in light of the physical 
constitution of tones considered. For instance, 
at the forte level the tuba’s partial, 116 c.p.s. 
gives a sensation level of 72 db, with a corre- 
spondingly great masking possibility. The mask- 
ing effects between the components of the bari- 
tone tone, B’s., are very complex, with the result 
that the 4th, 5th, 10th, and 13th partials are 
masked out completely with a corresponding 
weakening of the remaining tones. In the trom- 
bone the 6th partial is masked out completely 
and the remaining partials weakened in sensa- 
tion. French horn and cornet likewise suffer great 
modification. It is for this reason that one finds 
it difficult to reconcile the adjectival approach of 
the musician with the knowledge of the spectral 
analyses of musical tones. 

With the results of the calculations of the 
masking effects for each instrument, the next 
step is to combine the instruments, adding one 
at a time until the ensemble is complete for each 
of the sensation levels under consideration. At 
the forte level the tuba is found to influence 
strongly the tones of the other four instruments 
represented in the chord, but the baritone’s 
upper partials, Cz7,= 2088 c.p.s. and D’ z= 2204 
c.p.s. remain practically unaltered in strength 
and produce a distinct beating effect with a 
resultant quality of roughness. There are ten 
components represented in the sensation pro- 
duced by the five instruments, with the lowest 
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component predominating over the remaining 
tones of the chord. The quality was introspec- 
tively spoken of as rich. Another quality of the 
combined chord was remarked as being bright, 
probably due to the duplication and resultant 
prominence of octaves within the overtone struc- 
tures. At the piano level this same ensemble of 
instruments playing the same chord offered the 
sensation of a triad composed of the tones Bs, 
Dy, Fis, and some of their octaves. The resultant 
tone quality was said to be smooth, and some 
observers indicated ‘‘brightness.”’ 

Another setting of the same chord called for 
the cornet at a forte level, as in a solo, with the 
four remaining instruments playing piano as in 
an accompaniment. An examination of the com- 
ponents of the perceived tone of the ensemble 
showed that the bright, rich quality of the cornet 
tone is practically unaltered by its association 
with the others, but that the quality of the 
accompanying instruments is altered a great deal 
in the combining process. The tone Dy of the 
trombone and F;; of the French horn are so 
weak that they do not seem to affect the sensa- 
tion produced by the instrumental chord to any 
appreciable extent. The trombone and French 
horn tones would probably have to be played 
mezzo forte rather than piano in order to produce 
a better balanced accompaniment for the solo 
instrument. A routined conductor would be ex- 
pected to make just such an adjustment. When 
the French horn is presented at a solo level with 
the other four instruments playing piano, the 
trombone is masked out completely from sensa- 
tion. Also the baritone contributes but little 
under these circumstances. On the other hand, 
the cornet retains its identity fairly well. The 
chord sounds musically unbalanced, however. 
With the trombone raised to the solo level the 
tone quality is said to be bright but badly 
balanced. The combined ensemble, when the 
baritone is given the solo voice, affords an un- 
usual array of overtones with a prominent funda- 
mental, and the tone quality is described as rich. 
The overtones Cys and D’;; are sufficiently 
prominent to produce a sensation of roughness. 
A better balance is secured by raising the level 
of the trombone and French horn to a mezzo 
forte level. A most interesting condition is re- 
vealed when the tuba takes on solo proportions, 








inasmuch as the tones which are perceived depart 
from the prescribed chord played by the en- 
semble. No simple triad is formed by the com- 
bined partials after masking takes its toll. There 
remains only a duplication of octaves with a 
single fifth in the upper register. In this setting 
the French horn does not influence the tonal 
sensation in any way, and might just as well be 
omitted from the ensemble. 

When the tuba and baritone are played an 
octave higher, and all instruments play forte, 
the fundamental of the tuba predominates in 
strength over the remaining components in the 
chord. The difference in strength is so vast that 
the chord again sounds poorly balanced. In this 
position the tuba should obviously be reduced 
to mezzo forte. When this new chord setting is 
played at a piano level a well-balanced chord 
results, and the quality is judged as smooth, 
with a prominent fundamental. This was elected 
the most satisfying setting. When the cornet is 
chosen to play forte in this setting, the other 
instruments with the exception of the tuba will 
not be heard. When the French horn is raised 
to the forte level, only the tuba, French horn 
and cornet seem to be represented and the re- 
sultant quality is described as rich. When the 
trombone is played as the solo instrument of the 
ensemble, it influences the resultant quality 
greatly. The baritone and French horn disappear 
entirely, and the cornet contributes but little. 
The chord sounds badly balanced. Raising the 
baritone to solo dimensions in the ensemble dis- 
covers only the tuba, baritone and cornet to be 
present. The trombone and French horn could 
just as well be omitted. A peculiar chord results 
in sensation. The Bs is duplicated in four oc- 
taves with a strong Fe. The quality was judged 
as being very bright. Then when the tuba is 
graced with the solo level, all of the tones of the 
other instruments are reduced to below threshold 
value. Only the tuba’s components appear in the 
final analysis. 

The results of much painstaking calculation 
have been all too briefly sketched, together with 
a few remarks on the subjective response to the 
quality of the various settings and intensities. 
Experienced instrumentators know much of this 
and conductors are able to adjust many faults 
by changing the relative intensities during per- 
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formance, but it is important to discover why 
some arrangements sound better than others. 
The results obviously show that chords do not 
necessarily sound as they are written. In many 
instances instruments might well be omitted 
entirely. In many cases the notes of the chord 
must be reassigned to different instruments in 
order to secure a good balance. Examples from 
the literature as in the Schumann symphonies 
offer excellent laboratory for the consideration 
of just such problems as have been set up in this 
limited study. Consideration of such problems in 


the light of the foregoing data would at least telj 
the composer and arranger what not to do, and 
give pause to the young creator lacking orchestra] 
training. It must be admitted that the amount of 
generalizing which can be done from these results 
is indeed very slight if one attempts to tell the 
composer what to do. In the meantime the 
musical world continues to be grateful to the ex. 
perienced conductor for his ability to fix things 
during the rehearsals for performance but this 
need not discourage rationalizing in an effort to 
create some order out of chaos. 
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The Problem of a Stringing Scale for Small Vertical Pianofortes* 


WILLIAM BRAID WHITE 
The School of Pianoforte Technology, Chicago, Illinois 


(Received November 25, 1940) 


HIS paper deals briefly with technical prob- 

lems of design that have been brought 
forward by the emergence into recent popularity 
of a very small type of vertical pianoforte, 
approximately 100 cm in height. The “‘classical’’ 
type of pianoforte, developed into relative per- 
fection some fifty years ago, is the seven-foot 
(215-cm) grand. The problem of the small 
vertical is most conveniently exhibited against 
the background of the classical practice embodied 
in such an instrument. 

By analyzing the scaling of a grand piano by 
a famous contemporary American piano maker, 
it is found that the stringing scale is carried out 
between the frequencies C88=4186 c.p.s. and 
A25=110 c.p.s., inclusive, after principles that 
may be understood from the following skeleton, 
Table I. 

Examination of the table reveals the following 
facts: (a) The inverse ratio of length to fre- 
quency is not observed exactly. The lengths 
succeed each other in the ratio of 1 : 1.875 
instead of 1:2 for strings at a distance of an 

TABLE I. Column 1 gives the note names and keyboard 
numbers (counting from the bass end upwards) of the unisons. 
Column 2 shows the speaking length of each string in cm. 
Column 3 shows the frequency of each tone in c.p.s., according 
to the Equal Temperament. Column 4 shows the gauge 
number (music wire gauge) of the wire used for stringing in 
each case. Column 5 shows the mass cg/cm of each gauge. 
Column 6 gives the tension at which each single string 1s 


stretched, in kg. Column 7 gives the total tension for each 
3-string unison. 








1 2 3 + 5 6 7 
CM C.P.S. cG/CM KG KG 
C88 5.08 4186.00 13 3.814 70.35 211.05 
A85 5.94 3520.00 13 3.814 68.04 204.12 
F80 7.72 2637.02 134 4.065 68.49 205.47 
C76 9.52 2093.00 14 4.322 69.85 209.55 
A73 11.15 1760.00 14 4.322 68.04 204.12 
E68 14.49 1318.51 14} 4.588 68.04 204.12 
C64 17.86 1046.50 15 4.862 69.40 208.20 
A61 20.90 880.00 15 4.862 66.68 200.04 
E56 27.16 659.25 15} 5.144 67.13 201.39 
C52 33.49 532.25 16 5.330 69.40 208.20 
A49 39.18 440.00 164 5.731 69.85 209.55 
E44 50.92 329.62 17 6.037 68.95 206.85 
C40 62.72 261.62 17} 6.351 69.40 208.20 
A37 73.47 220.00 18 6.672 71.67 213.63 
E32 95.47 164.81 184 7.002 70.31 210.93 
C28 117.72 130.81 19} 7.685 74.39 223.17 
A25 137.73 110.00 19} 7.685 82.55 247.65 





*This paper was presented at the Chicago meeting of 
the Acoustical Society of America, Novermber 15, 1940. 
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octave; and for strings at a distance of an equal 
tempered semitone in the corresponding ratio of 
1 : 1.0538 instead of 1 : 1.0594631. This modifi- 
cation is introduced in order that (1) it may be 
possible to increase the masses of the wires at 
more or less regular intervals, in order to pre- 
serve due stiffness (resistance to deformation 
from hammer blows), without calling for tensions 
too high for the elastic limits of the wires; and 
(2) in order to secure a steady gradation of 
lengths, on some constant ratio, to as low a 
point in the scale as possible. (b) The tension 
figures are shown to be quite nearly regular 
throughout this part of the scale, which is some 
three-fourths of the whole. Equality or rather, 
perhaps, very gradual increase of tension from 
high to low frequency strings, giving for equal 
numbers of unisons nearly equal mean tension 
figures, seems to be a desideratum, if only on 
account of the engineering problems of the stress 
supporting structure. (c) The methods adopted 
to secure adequate stiffness for the strings as 
their lengths increase, will be noted in columns 
4 and 5. 

The remainder of the scale comprises, of 
course, the low frequency unisons from No. 21 
down to No. 1. Here, because of space limitations 
and the impossibility of securing adequate stiff- 
ness at permissible lengths in any other way, the 
strings must be shortened and correspondingly 
overweighted, by the device of winding soft 
copper or steel wire over the regular piano wire. 
It is, therefore, desirable first to determine, the 
best (greatest) practicable length for the lowest 
frequency (A1-27.5 c.p.s.) and then to scale the 
remainder of these overweighted strings by small 
definite decrements. If this be judiciously done, 
a slow but fairly steady increase of tension, 
fitted to the steady increase of mass of the over- 
weighted strings, may be had. The following 
skeleton scheme (Table II) shows the methods 
used and the results obtained in the case of a con- 
temporary American make; beginning where the 
previous scaling left off, that is at unison No. 25. 


















































WILLIAM 
TABLE IIT.’ 

1 2 3 4 5 6 7 
Ab24 93.98 103.82 16-27 18.70 72.57 145.14 
E20 104.40 82.40 17-24 26.17 78.47 156.94 
C16 114.30 65.40 18-22 34.80 $1.19 162.38 
Al13 121.92 55.00 19-21 40.79 74.84 149.68 
E8& 134.62 41.20 22-28-23 63.55 79.83 
C4 144.78 32.70 23-24-21 92.05 83.91 
Al 152.40 27.50 25-22-30 123.35 87.09 








* The numbers at the heads of the columns stand for the same mean- 
ings as in Table I. Column 4, of course, gives in each case two or three 
gauge numbers, these corresponding to the diameters of core (steel 
piano) wire and covering (soft copper) wire, respectively. The strings 
between unisons No. 1 and No. 8, respectively, are scaled one string to 
a unison, with two windings of copper wire to each. The remaining 
strings are scaled two to a unison, with a single winding of copper wire. 
The copper wire is gauged according to the regular standard American 
steel wire gauge, not according to the special music wire gauge. 


The above description of the scaling for a 
grand piano of 215 cm displays methods and 
principles followed in the best contemporary 
practice. It can at once be seen that the general 
leading idea is that of distributing, as evenly as 
practicable over the area of the string-supporting 
structure, the stresses imposed by the strings, 
while at the same time these stresses are brought 
gradually upwards to a maximum, beginning at a 
point somewhat to the left of the middle of the 
scale, in the present case at C28, and thence to 
A1. The object of the increase of string tension 
on the low frequency or bass side of the scale is, 
of course, to provide adequately stiff strings, at 
the comparatively great lengths called for. 

The number of available sizes of core and of 
covering wires alike is, of course, definitely 
limited, so that a rigid scheme of relations be- 
tween the factors of length and mass is out of 
the question. The practice sketched in the two 
tables given represents, perhaps, the best avail- 
able arrangements. 

When, now, it is necessary to scale for a piano 
that is to be 100 cm in height, rather than 215 cm 
in length, all the problems already encountered 
return in more difficult shape. The right-hand 
side of the scale (treble side) presents no greater 
problems, indeed, but from about F33 down- 
wards, the very small space available for the 
strings compels the designer to concentrate his 
efforts upon finding such combinations of core 
and covering wires as shall produce tolerable 
tension levels without so overweighting the 
strings as to give them the vibratory character- 
istics of thin rods fixed nonrigidly at both ends. 

Obviously this means that the tension level 
must be lowered throughout the scale, with 
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results not favorable to fine tonal output. The 
problem of the scaling then becomes the problem 
of effecting a decent compromise. The following 
skeleton scheme (Table III) shows what may be 
done. It will be noted that the strings are scaled 
from a slightly shorter length, 4.76 cm instead 
of 5.08 cm for C88. The ratio of length incre. 
ments between semitones remains the same, but 
the shorter scaling enables the designer to carry 
down the string lengths at regular gradations, “ 
little farther than would otherwise be possible. 

The difficulties of scaling the low frequency 
strings between Al and E flat 31 are of course 
much more serious. Table IV is a_ skeleton 
scheme: 

The skeleton schemes shown here serve to 
display the nature of the problem of stringing 
scales for small verticals. Taking the classical 
piano as a standard of comparison, we see that, 
the established and 
methods, it is impossible to obtain stringings for 
the bass or low frequency end of the scale in 
which the relations between length, mass and 


given use of materials 


tension shall be well balanced. The lower strings 
are unnaturally heavy, yet not sufficiently ten- 
sioned. Their behavior tends to become rod-like, 
and they are unable to emit fundamental tones, 
their output being mainly a confused mass of 
harmonics and also of inharmonic (non-Fourier) 


TABLE III. Column 1 gives the note names and numbers. 
Column 2 shows the speaking lengths. Column 3 gives the 
wire gauge numbers. Column 4 gives the mean tension per 
single string of the 6 or 4 unisons included in that wire-gauge 
group. Column 5 shows the same, but for the three strings of 
each untson, instead of for a single string. 











1 2 3 4 5 
CM GAUGE No. KG KG 
C88 4.76 13 60.91 182.73 
Ab 84 5.87 133 62.27 186.81 
= 80 7.26 14 63.66 190.98 
C76 8.95 143 64.55 193.65 
Ab 72 11.04 15 65.03 195.09 
D66 15.11 153 65.77 197.31 
Bb 62 18.63 16 65.77 197.31 
# 58 22.98 163 65.77 197.31 
C3z 31.47 17 66.22 198.66 
Ap 48 38.80 173 66.22 198.66 
D42 53.12 18 65.03 195.09 
Bb 38 65.51 183 65.48 196.44 
Fe 34 80.97 19 66.68 200.04 
E32 89.92 193 68.04 204.12 
Eb 31 92.70* 13-36 70.31 140.62* 





* This stringing is deliberately and necessarily shortened. On correct 
ratio it would stand at 94.31 cm. Being shortened in order to accommo- 
date the space limitations of the piano, it is loaded artificially with 
No. 36 gauge soft steel wire on a core of No. 13 piano wire. The mass 
of this is 8.302 cg/cm. The unison has only two strings. 
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TaBLE IV. Column 1 gives the note names and numbers, 
column 2 the speaking length in cm, column 3 the wire gauges 
used, column 4 the mass of each wiring per string in cg/cm, 
column 5 the tension per single string in kg and column 6 
the tension per unison in kg. 
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1 2 3 } 5 6 
CM GAUGES CG/CM KG KG 
p30 79.37 13}-32* 12.19 67.59 135.18 
425 82.55 153-26 19.98 64.10 128.20 
E20 85.71 17-22 33.34 68.48 136.98 
B15 88.89 18-18 66.07 77.56 155.12 
F% 10 92.06 22-24—20** 94.93 69.85 139.70 
C25 95.24 24-20-18 171.72 76.20 
Al 97.79 24-17-17 249.50 76.66 


*The figures in this column show, first the piano wire gauge and 
next the gauge of the copper covering-wire. | 

** Here the windings of copper wire are doubled and each unison 
has one string only, down to Al. 


partials. While on the one hand the right-hand 
side of the scale from F33 to C88 may be strung 
at lengths and with physical properties known 





to be capable of giving tonal outputs held 
satisfactory by general consent, this cannot be 
said of the bass end of the scale. The conclusion 
is inevitable that when the scale designer has 
done all in his power to secure equitable distribu- 
tion of tensions, adequate string stiffness and 
masses not out of all reason, there remain 
residuals that cannot be radically eliminated, but 
can at best be covered up by clever juggling of 
hammer sizes, strike point of hammers on the 
strings, and above all, perhaps, by aiming at a 
general quality of tone gentle, not strident, not 
large, but definitely aimed at satisfying what may 
be called “‘chamber’’ requirements. In_ these 
directions much may still be done. The author 
hopes to present in later papers more detailed 
discussions of all these matters. 
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Method of Measuring Audiofrequencies 


Don Lewis AND PAuL E. GRIFFITH 
State University of Iowa, Iowa City, Iowa 
(Received November 20, 1940) 


E have recently developed a method of 

measuring audiofrequencies, particularly 
for use in connection with studies of pitch. When 
an investigation is planned in such a way as to 
require observers to adjust the frequency of an 
oscillator until the resulting pitch matches the 
pitch of a test tone, or bisects the pitch distance 
between two test tones, or is one-half or one-third 
or any other submultiple of the pitch of a test 
tone, it is desirable to make highly accurate 
measurements of the adjusted frequency. Com- 
mercial instruments for measuring audiofre- 
quencies were found to be unsuitable either 
because of their inaccuracy or because of their 
limited range. The technique which we now 
employ meets the demand for accuracy, is quite 
rapid, and is applicable to frequencies from 
about 50 to 13,000 cycles. Its application to 
frequencies above 13,000 cycles is precluded, for 
the present, by the upper limit of the particular 
oscillator we have available. 


APPARATUS 


The required apparatus consists of four 
principal units: (1) A multivibrator whose 
fundamental frequency is 100 cycles; (2) a beat 
frequency oscillator, G.R. type 613-B, which is 
equipped with an incremental frequency con- 
denser calibrated in steps of 1 cycle over a 
100-cycle range; (3) a wave analyzer, G.R. type 
636-A; and (4) a cathode-ray oscilloscope. 

The multivibrator is the only unit which is 
sufficiently unfamiliar to call for special descrip- 
tion. It is of the cathode-coupled type and is 
based upon a circuit originally published by 
Potter.! A resistance-stabilized oscillator pro- 
vides a voltage of constant frequency which is 
injected into the multivibrator as a means of 
controlling its action. Constant plate voltage is 
drawn from a regulated power supply. The 
output of the unit is very rich in natural har- 
monics, analysis showing it to vary from about 


1]. L. Potter, ‘Sweep circuit,” Proc. I. R. E. 26, 713- 
719 (1938). 
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60 volts at the fundamental frequency of 109 
cycles to about 500 millivolts at 17,000 cycles, 
the frequency of the 170th harmonic. The unit 
furnishes reference frequencies spaced 100 cycles 
apart to which the wave analyzer can be tuned. 

The 1000-cycle standard frequency, as trans- 
mitted by the National Bureau of Standards, 
is usually employed in the calibration of the 
multivibrator. The wave analyzer is first ad- 
justed to yield maximum deflection for this 
frequency. Then, the multivibrator is connected 
to the analyzer and is adjusted until its tenth 
harmonic produces maximum deflection. An 
alternative method, which is sometimes used, 
depends upon the Bureau’s 440-cycle signal. The 
beat frequency oscillator is first tuned to 2200 
cycles (5 times 440) with the aid of the proper 
Lissajous figure on the face of the oscilloscope. 
The analyzer is then set at this frequency, 
whereupon the multivibrator is adjusted until 
maximum deflection is attained for its 22nd 
harmonic. 

The extremely sharp response curve of the 
wave analyzer contributes to the over-all accu- 
racy of the measuring technique. The tuning of 
the instrument is so sharp that, when it is being 
fed with a frequency to which it is adjusted, a 
change in the input of as little as one-fourth 
cycle is distinctly registered on the voltmeter. 

The calibration of the incremental frequency 
condenser (whose dial reads from —50 to +50 
cycles) is easily checked. For example, with the 
dial of the condenser placed at zero, the beat 
frequency oscillator is set at 250 cycles (one- 
fourth the 1000-cycle Bureau signal). When the 
dial is shifted to —50, the frequency of the 
oscillator should be exactly one-fifth the Bureau 
signal. Further, with the oscillator adjusted to 
200 cycles, a shift of the condenser dial to +50 
should produce a frequency of exactly 250 cycles. 
A representative sampling of the intermediate 
points on the dial may be checked in a similar 
way, especially if the 440-cycle signal from the 
Bureau is used as the reference frequency. 
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PROCEDURE IN MEASUREMENT 


The measurement of an unknown frequency is 
accomplished in the following manner. With the 
dial of the incremental frequency condenser set 
at zero, the beat frequency oscillator is adjusted 
to the unknown frequency through the use of the 
appropriate Lissajous figure on the face of the 
oscilloscope. Ordinarily, in our studies of pitch, 
this step is unnecessary because the unknown 
frequency 7s the frequency of the oscillator. In 
any event, the oscillator provides the unknown 
frequency. Now, the wave analyzer is adjusted 
to the particular multiple of 100 cycles which is 
nearest to this frequency. The adjustment is 
made exact by connecting the multivibrator to 
the analyzer and tuning the latter to the appro- 
priate harmonic of the vibrator. Next, the 
oscillator is connected to the analyzer, and the 
incremental frequency condenser is varied care- 
fully until the analyzer yields a maximum 
deflection. Bear in mind that the analyzer is 
tuned to one of the harmonics of the multi- 
vibrator. The unknown frequency is the fre- 
quency of this harmonic plus or minus the 
reading on the dial of the incremental condenser. 
Obviously, if the reading is a plus value, the 
unknown frequency was increased by a specified 
number of cycles in order for it to agree with the 
setting of the analyzer; so the unknown fre- 
quency is the setting of the analyzer minus the 
incremental reading. On the other hand, if the 
reading is minus, the unknown frequency was 
diminished to a point of agreement with the 
analyzer setting, and its value is the analyzer 
setting plus the amount of the minus adjustment. 

As described here, the procedure may seem to 
the reader to be highly complicated. Actually, 
it is straightforward and easily mastered. 


ACCURACY 


The accuracy of the method depends primarily 
upon the constancy of the multivibrator and the 
accuracy with which it is calibrated. Of course, 
errors which depend upon factors other than 
these two may creep in, but they are without 
doubt negligible. For example, an adjustment of 
the analyzer to a specified harmonic of the 
multivibrator may be slightly in error, but a 


discrepancy of this type is bound to be quite 
small because the analyzer is very sharply tuned. 
Also, an adjustment of the incremental frequency 
condenser to the point where a maximum 
deflection of the analyzer is obtained tends to 
be quite exact because of sharpness of tuning. 
There can be little doubt that the precision of 
the method depends principally upon the con- 
stancy and the accuracy of calibration of the 
multivibrator. 

As already explained, the multivibrator is 
usually calibrated through the use of the 1000- 
cycle signal which is transmitted by the National 
Bureau of Standards. Calibration is typically 
carried out in relation to the tenth harmonic of 
the vibrator. When each calibration is completed, 
we are confident that the error is less than 0.2 
cycle at 1000 cycles. Checks that have been 
made on constancy indicate that, from week to 
week, the total variation is not greater than 2 
cycles at 1000 cycles. 

The standard error of measurement has been 
found to be quite small. Up to 20 individual 
measurements have been made by two different 
investigators on each of 8 representative fre- 
quencies. All of these frequencies were either 
submultiples or integral multiples of 440 cycles, 
and were secured through the use of the oscillo- 
scope and the Bureau’s 440-cycle signal. Before 
each single measurement was made, the beat 
frequency oscillator was adjusted until its fre- 
quency was a desired multiple of 440 cycles. 
Consequently, the maximum possible error of 
the measuring technique was encompassed. The 
standard error of a series of measurements was 
never greater than 0.25 percent. Surprisingly 
enough, the error, when expressed as a_ per- 
centage, decreased with frequency. For example, 
at 110 cycles the standard error was 0.26 cycle 
or 0.24 percent, while at 2640 cycles it was 1.11 
cycles or 0.04 percent. 

The standard error would be an entirely 
adequate indication of accuracy if we could 
assume exactness of calibration of the multi- 
vibrator. Such an assumption is, of course, not 
warranted. Therefore, we need a statement on 
the differences between the means of measured 
values and corresponding ‘‘true’’ frequencies. 
Differences of this type have been checked. 
They never exceed 0.5 percent, and usually 


414 D. LEWIS AND 
range from 0.1 to 0.3 percent, the lower per- 
centage deviations being for the higher fre- 
quencies. It is obvious that deviations of the 
averages of measured values from ‘‘true’’ fre- 
quencies are due to a faulty calibration of the 
multivibrator. 

With practice, we have been able to calibrate 
with increasing exactness, and we look for further 


P. 


E. GRiFriIiTs 

improvement. But accepting the calibration fo; 
what it now is, we are confident that we can, 
for example, measure a frequency around 209 
cycles to within 0.5 cycle, or one around 5000 
cycles to within 5 cycles. If, as seems likely, we 
are able to increase the accuracy of calibration 
still further, errors of measurement will be 
correspondingly smaller. 
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Absolute Pressure Calibration of Microphones* 


RICHARD K. Cook 
National Bureau of Standards, Washington, D. C. 


(Received October 16, 1940) 


A tourmaline crystal disk was used both as a microphone (direct piezoelectric effect) and 
as a sound source (converse piezoelectric effect). Application of a principle of reciprocity to 
the acoustic measurements gave an absolute determination of the piezoelectric modulus 
d33+2d3: of tourmaline under hydrostatic pressure. A condenser microphone was calibrated 
by the tourmaline disk. The same principle was applied to data obtained by using a condenser 
microphone as both source and microphone to secure an absolute calibration of another 
condenser microphone. It was proved experimentally that the tourmaline disk and the con- 
denser microphones satisfied the principle of reciprocity. The absolute acoustic determination 
of the piezoelectric modulus gave d33;+2d3,;=2.2210~ coulomb/dyne. The “reciprocity” 
calibrations agreed with the results of electrostatic actuator, pistonphone, and “‘smoke particle”’ 
calibrations, but disagreed with thermophone calibrations of the condenser microphones. 


I. INTRODUCTION 


BSOLUTE measurements of sound intensity 

are of basic importance in acoustics. Such 
measurements are most conveniently made by 
means of calibrated microphones, and it is 
important to have accurate methods of making 
both absolute pressure and absolute free field 
calibrations of microphones. Absolute pressure 
calibrations are needed at low frequencies to 
supplement free field Rayleigh disk measure- 
ments at higher frequencies, and are needed to 
check Rayleigh disk measurements in the fre- 
quency region in which both pressure and free 
field calibrations should be the same. Absolute 
pressure calibrations are also needed in audio- 
metric work. 

First calibrations of a condenser microphone 
made with an electrostatic actuator and with a 
thermophone, both of conventional design, 
showed a difference much greater than the prob- 
able error of the determination. The difference 
between the thermophone and the free field 
Rayleigh disk calibrations of a condenser micro- 
phone, in the frequency region in which both 
calibrations should be the same, was also greater 
than the probable error. 

It was decided to use piezoelectric crystals to 
throw some light on the discrepancies between 





* Presented at the Meeting of the Acoustical Society of 
America, Washington, D. C., April 29, 1940. Republished 
in abridged form from J. Research Nat. Bur. Stand. 25, 
489 (1940). 


the results obtained with the thermophone, the 
electrostatic actuator, and the Rayleigh disk. 


II. PRINCIPLE OF RECIPROCITY 
1. General 


Shortly after the discovery of the direct 
piezoelectric effect by the brothers P. and J. 
Curie, M. G. Lippmann predicted the existence 
of a converse piezoelectric effect, and showed 
quantitatively how large it should be. 

Lippmann’s proof, generalized by W. Voigt! 
is in reality a special case of a principle of 
reciprocity. Other special cases of the principle 
are well known in applied mechanics, electrical 
engineering, and acoustics. This principle was 
discussed by Lord Rayleigh? for mechanical 
systems and electrical systems, and was discussed 
by S. Ballantine* for certain mixed mechanical 
and electrical systems. The same principle of 
reciprocity can be applied not only to piezo- 
electric crystals but also to condenser micro- 
phones, moving-coil microphones, and to the 
thermophone. By means of this principle, the 
output of a transducer (i.e., a device which is 
used as both sound source and microphone) as a 
sound source can be computed from its response 
as a microphone, and vice versa. 

Suppose that a pressure sinusoidal in time 


p _ poe! 


'W. Voigt, Lehrbuch der Kristallphysik (Berlin, 1910). 
2 Rayleigh, The Theory of Sound (London, 1894). 
3S. Ballantine, Proc. I. R. E. 17, 929 (1929). 
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is applied to the diaphragm of a transducer 
(e.g. a condenser microphone). Suppose electric 
charge 

g=qoe™! 


is released from the transducer. The release of 
this charge g by the pressure /p is called the 
“direct’”’ effect. It is assumed that the charge 
released is directly proportional to the pressure. 
This assumption of linearity is sufficient for the 
application of the reciprocity principle. 

If the proportionality between p and g is 
given by 


g=Tp (1) 


the principle of reciprocity asserts that 
V=TH, (2) 


where 7 is numerically the same in both Eq. (1) 
and (2) if g, p, v, and wu are all in the same 
system of units, and where 


v=ve""! 


is the change of volume caused by the motion 
of the diaphragm due to an applied voltage 


u=uye™', 


The volume change v caused by the voltage wu is 
called the ‘“‘converse’’ effect. There might be 
differences in phase among the quantities gq, p, 
v, and uw. To account for phase differences, the 
coefficients go, Po, Yo, and uo, and the transduction 
coefficient +, are in general complex numbers, 
and 7 might also be a function of frequency. 

The principle of reciprocity applies without 
regard to the mechanism of operation of the 
transducer, provided only it is linear. The 
principle applies even if there are frictional forces 
or thermal actions in the transducer, provided 
these are linear (i.e., 7=q/p is independent of /). 
The principle can be applied to a condenser 
microphone having a polarizing voltage, but the 
principle is not applicable to an unpolarized 
condenser microphone. 

If » and »v are, respectively, in dynes/cm? and 
cm’ and Q and E in coulombs and volts, then 
Eqs. (1) and (2) become, in this mixed system 
of units, 

Q=7p, 


v=10'’rE (3) 
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and 7 is in cm*® coulomb/dyne. These units wil] 
be used throughout the remainder of this article. 
The quantities representing voltage, charge, 
pressure, and volume changes will henceforth 
have root-mean-square (r.m.s.) values. 


2. Application to piezoelectric crystals 


Tourmaline, a polar crystal of the trigonal 
system, acquires a uniform electric moment per 
unit volume under hydrostatic pressure. The 
magnitude of the moment per unit volume is 


M = (d33+2d31)p coulomb /cm? 


and its direction is parallel to the principal 
(optic and piezoelectric) crystal axis. The 
quantities d3; and d3, (Voigt’s notation!) are, 
respectively, the piezoelectric modulus for normal 
pressures on faces perpendicular to the principal 
axis, and a piezoelectric modulus for normal 
pressures on any two faces which are parallel to 
the principal axis and to each other. The quantity 
d33+2d3; is the piezoelectric modulus of the 
crystal under hydrostatic pressure. 

Voigt’s measurements on Brazilian tourmaline 
gave 


d33+2d3; = 2.42 X10-" coulomb/dyne. 


For a crystal cut in the shape of a circular 
disk of area A (cm?*) having its parallel flat faces 
perpendicular to the principal axis, the electric 
moment M will give rise to surface charges of 
uniform area density M (coulomb/cm*), or the 
total charge on each flat face will be 


Q=AM=A(d33+2d31)p coulomb. 


Then by the principle of reciprocity, a potential 
difference of e,’ (volts) applied between the flat 
faces will cause a volume change of the crystal 
of amount 


v= 107A (d33+2d3;)e,’ cm’. (4) 


A tourmaline crystal is then used in the 
following way as both sound source and micro- 
phone to secure an absolute pressure calibration 
of (for example) a condenser microphone, and 
to secure also the hydrostatic piezoelectric 
modulus of the crystal. 
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Let the response of the condenser microphone 


be 
Cm 
p=— cm* volts/dyne 


p 


where én is the voltage output of the microphone 
caused by the sound pressure p. The response 
of the crystal used as a microphone (direct 
effect) is 

A(d33+ 2d31) Q 


pis =— cm? volts, dyne, 


i Cp 


where C (farads) is the capacity of the crystal 
microphone. The crystal response is expressed 
in this way because Q/C (the voltage output of 
the crystal microphone) can be readily measured, 
whereas it is not feasible to measure Q directly. 

The first step is to measure the ratio of the 
condenser microphone response to the crystal 
microphone response. The ratio is 


pC Cm 
=— ( 
A (d33+ 2d31) es 


sn 


and is got experimentally by applying the same 
pressure (or pressures in a known ratio) to both 
microphones and measuring the ratio of the 
output voltages, é,/e,, by means of an attenu- 
ation box or known resistances. é,, is the voltage 
output of the condenser microphone and e, that 
of the crystal for the same sound pressure. 

The second step is to use the crystal as a 
source, acting on the condenser microphone as a 
microphone through a gas-filled cavity of volume 
V (cm*). If B (dynes/cm*) is the barometric 
pressure in the gas and y¥ is the ratio of specific 
heats of the gas, then the piezoelectric volume 
change of the crystal given by Eq. (4) will give 
rise to a pressure 


10°y7B 
p=( )a (d33 + 2d3,)e, dynes, cm’, 
V 


provided v is small in comparison with V. 
The condenser microphone voltage output re- 
sulting from this pressure will be 


10'yB 
en!=( A (dis-+2dn) pe. volts. (6) 
Y 


Simultaneous solution of Eqs. (5) and (6) yields 


10-7 V /e,, Cm \ 7? 
=| — ( )( )| cm? volts/dyne, 
vBC \e, 7 \e,’ 


A (d33+ 2ds1) (7) 


10-7°CV se, \ fen’ \ 1 
-| aa ( )( )| cm? coulomb /dyne. 
7B Cun e, 


Thus an absolute pressure calibration of a 
condenser microphone is obtained by absolute 
measurements of a volume, the barometric 
pressure, and a capacitance, and by measure- 
ments of two voltage ratios. An absolute de- 
termination of the adiabatic piezoelectric modu- 
lus of the tourmaline crystal under hydrostatic 
pressure is obtained by measurement of the 
crystal area in addition to the quantities enumer- 
ated above. The only quantity which is not 
measured directly is y, whose values for air, 
hydrogen, and helium are accurately known. 

Superimposed on the piezoelectric action in 
the direct effect will be the pyroelectric effect 
(since temperature changes in the gas which 
accompany pressure changes will penetrate into 
the crystal) and superimposed on the piezo- 
electric action in the converse effect will be the 
electrocaloric effect (since temperature changes 
in the crystal which accompany voltage changes 
will penetrate into the gas). But the principle of 
reciprocity will hold nevertheless, and Eqs. (7) 
will give a quantity which represents a mixed 
piezoelectric and thermoelectric modulus at low 
frequencies, and which will approach asymp- 
totically the adiabatic piezoelectric modulus at 
high frequencies. 

Quartz and Rochelle salt have no electric 
moment under hydrostatic pressure. This con- 
clusion is reached from considerations of the 





crystal symmetry of these materials. Conse- 
quently such crystals cannot be used in the 
same way as tourmaline is used to obtain an 
absolute calibration of a microphone. 


3. Application to condenser microphones 


Let pi (cm? volts/dyne) be the response and 
C, (farads) the capacitance of a condenser 
microphone J which is to be used as both source 


and microphone to calibrate a second condenser 
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microphone II whose response is p2 (cm? volts’ 
dyne). The equations of the direct and converse 
effects for the condenser microphone are 


O=pilip, 


Sage ee 8 
v= 107p,CiE. ( ) 


These correspond to Eqs. (3). Microphone I is 
then used in exactly the same way as was the 
tourmaline crystal to secure an absolute pressure 
calibration of microphone II. That is to say, 
the first step is to obtain the ratio of the responses 
pi/p2 by applying the same pressure to both 
microphones, and the second step is to couple 
microphone I (used as a sound source) to 
microphone II by means of a gas-filled cavity 
of known volume, from which is obtained the 
product of the responses pip2. The final equations 
for the responses p; and pe are 


, 1 


107V ser\ fe’\} ] 
n=|- ( “)( )| cm? volts/dyne, | 
yBCi\e2 e,' | 


(9) 
1077 V €2 e,' ; 
-|- — (- )( )] cm? volts /dyne. 
yBCi\e, e,' / 


These correspond to Eqs. (7). In these equations 
V (cm?) is the volume of the cavity in which 
microphone I is used as a sound source, B 
(dynes/cm*) is the barometric pressure in the 
cavity, y is the ratio of the specific heats of the 
gas in the cavity, e; and és are, respectively, 
the voltage outputs of microphones I and II for 
the same applied pressure, and e’ is the voltage 
output of microphone II for a voltage e,’ applied 
to microphone I used as a sound source (the 
two microphones being coupled by the cavity 
of volume V (cm*)). 


III. EXPERIMENTAL RESULTS 
1. Reversibility of transducers 


A “‘reversible”’ transducer is one which satisfies 
the principle of reciprocity. A simple experi- 
mental way of ascertaining whether or not two 
transducers are reversible is the following. The 
transducers are coupled by a cavity of fixed 
volume. A voltage e; is applied to transducer I 
(source), and the corresponding voltage output 
é2’ of transducer II (microphone) is measured. 
Then a voltage é2 is applied to transducer II 
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(source), and the corresponding voltage output 
e,’ of transducer I (microphone) is measured, 
Then the over-all coupled system is reversible 
if the equation 


C2 “) e;' 

Ci = & 
is satisfied, where C2, and C, are the capacitances 
of transducers II and I, respectively. Thus. 
Eq. (10) is a necessary condition for the re- 
versibility of each transducer. If a third trans. 
ducer is used and Eq. (10) holds for each pair of 
transducers, this will be a sufficient condition 
for the reversibility of each of the three. Actu- 
ally, it will be entirely safe to assume each of 
two transducers is reversible if Eq. (10) holds 
when the two transducers are coupled. Thus 
the reversibility of a transducer is determined 
experimentally by purely electrical measurements 
of two voltage ratios and a capacitance ratio. 

Such measurements were made on two con- 
denser microphones and a tourmaline crystal 
transducer (denoted hereafter by CD). CD was 
made of black California tourmaline 3.8 cm in 
diameter and 0.3 cm in thickness. The front 
face was coated with tin foil affixed with wax, 
and the tourmaline was wrung on to a brass 
block. The block was insulated from the outside 
brass block (at ground potential) which was 
connected to the tin foil. 

The conclusion from the experimental results 
was that within the experimental uncertainty 
Eq. (10) was satisfied. Consequently, the two 
condenser microphones and _ the 
transducer CD were reversible. 


(10) 


tourmaline 


This is a direct experimental proof of the 
equality of the direct and converse piezoelectric 
moduli in tourmaline under hydrostatic pressure. 

After Lippmann’s theoretical proof of the 
equality of the direct and converse piezoelectric 
moduli, J. and P. Curie made an attempt to 
verify the equality for the modulus d,,; in quartz, 
but experimental difficulties enabled them to 
obtain only a very rough agreement between the 
two moduli. Since then, H. Osterberg and J. W. 
Cookson‘! have concluded that measurements of 


4H. Osterberg and J. W. Cookson, Rev. Sci. Inst. 6, 
347 (1935). 
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ABSOLUTE PRESSURE 


dj; by some observers using the direct effect 
only have agreed on the whole with measure- 
ments of di: by other observers using the 


converse effect only. 

Because of variations in the composition of 
tourmaline from different sources it is not 
possible, in order to decide the equality of the 
two moduli for tourmaline, to compare the 
results of some observers using the direct effect 
only with the results of other observers using 
the converse effect only. 


2. Microphone calibrations 


The reversibility of the two condenser micro- 
phones and of transducer CD having been 
established, the principle of reciprocity was 
applied to data obtained with these transducers 
used in air, hydrogen, and helium to secure 
absolute pressure calibrations of the condenser 
microphones. The reciprocity calibrations ob- 
tained with the tourmaline transducer CD used 
as both sound source and microphone agreed 
(within the estimated probable error) with the 
reciprocity calibrations obtained with one of the 
condenser microphones used as both sound 
source and microphone. 

Electrostatic actuator measurements of one of 
the condenser microphones were made both with 
a solid grille and with a slotted grille. Below 
1000 c.p.s. the electrostatic actuator calibrations 
and the reciprocity calibrations in air, hydrogen, 
and helium of the condenser microphone all 
agreed within the experimental uncertainty. 

Gold foil thermophone calibrations were made 
of the two condenser microphones. The thermo- 
phone results were computed with the formula 
given by S. Ballantine’ except for minor correc- 
tions. The thermophone cavity volumes were 
about the sizes used by several other observers. 
It was established that the thermophone cali- 
brations in air, hydrogen, and helium disagreed 
among themselves and disagreed with the 
reciprocity calibrations in the regions of safe 
comparison below 1000 c.p.s. by amounts much 
greater than the probable errors of the differences. 

Pistonphone measurements were made by Dr. 
Guy Cook and the author on a _ condenser 
microphone. The measurements were made in 


*S. Ballantine, J. Acous. Soc. Am. 3, 319 (1932). 
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air, hydrogen, and helium. The piston was 
driven by a loudspeaker coil, and its amplitude 
of motion was measured by means of an optical 
lever and autocollimator. The amplitude meas- 
urements were checked by a microscope having 
a calibrated graticule. The results agreed with 
an electrostatic actuator calibration of the same 
microphone within the probable error. 

Resonant tube measurements were made by 
Dr. Guy Cook and the author on the same 
condenser microphone. The microphone was 
placed at one end of the resonant tube. The 
amplitude of motion of illuminated tobacco 
smoke particles was observed (with a microscope 
having a calibrated graticule) at the central 
displacement loop in the gas in the resonant 
tube. The results agreed with the electrostatic 
actuator calibration of the same microphone 
within the estimated probable error. 

The conclusion is that there are systematic 
errors in the usually accepted thermophone 
formula which are different for different gases, 
and which are much greater than the error of 
measurement. The trouble probably lies in the 
assumed modus operandi of the thermophone. 
It has been suggested that the gold foil possibly 
adsorbs and emits gas during each thermal 
cycle. Another suggestion is that viscosity forces 
have an effect on the pressure produced by the 
thermophone. The computed responses in air, 
hydrogen, and helium are in the same order as 
the viscosity coefficients of these gases. 


3. Piezoelectric moduli 


The results of acoustic measurements, based 
on the principle of reciprocity, of the adiabatic 
piezoelectric modulus d33+2d3, of California 
tourmaline yielded d33+2d3,;=2.22X10-" cou- 
lomb/dyne. The tourmaline was crystal CD, 
which was used as both source and microphone. 

It was established that the measured value of 
the modulus was independent of the crystal thick- 
ness, and independent of applied voltage for 
crystals used as sound sources. 

Within the experimental uncertainty, the 
piezoelectric modulus of quartz under hydrostatic 
pressure was zero. This confirmed experimentally 
the theoretical conclusion reached from 
siderations of crystal symmetry. 


con- 
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IV. SUMMARY 


Application of a general principle of reciprocity 
to the action of a piezoelectric crystal or to a 
microphone yields absolute pressure calibrations 
of another microphone, and also yields absolute 
values of the adiabatic piezoelectric modulus 
under hydrostatic pressure. Absolute measure- 
ments of a volume, the barometric pressure, and 
a capacitance are needed in addition to measure- 
ments of two voltage ratios. Also, the ratio of 
specific heats of the gas used in the cavity is 
required. 

Calibrations secured in this way are in good 
agreement with electrostatic actuator, piston- 
phone, and “smoke particle’ calibrations of a 
condenser microphone. Thermophone calibra- 
tions in air, hydrogen, and helium disagreed 
among themselves and with the reciprocity 
calibrations of the same microphones by amounts 
much greater than the experimental uncertainty. 

Absolute acoustical measurements of the 
adiabatic piezoelectric modulus of black Cali- 
fornia tourmaline under hydrostatic pressure 


cK. Cook 


gave d33+2d3,;=(2.22+0.06) X10-"  coulomb/ 
dyne. It was experimentally proved that the 
direct and converse piezoelectric moduli d33+2¢,, 
are equal, within the experimental uncertainty. 

The following is a tentative set-up for securing 
absolute pressure calibrations of condenser 
microphones. A tourmaline crystal source, calj- 
brated by application of the principle of reci- 
procity, will be the primary standard. A con- 
denser microphone will serve as a secondary 
standard source, which will be calibrated from 
time to time by the primary tourmaline standard, 

There are common crystalline household sub- 
stances which are piezoelectric under hydrostatic 
pressure, and which might be used as sound 
sources. Such are sucrose (cane sugar) and 
tartaric acid (sour salt). The latter at room 
temperatures has a piezoelectric modulus about 
double that of tourmaline. 

I wish to thank Dr. Elias Klein of the Naval 
Research Laboratory for securing loans of 
tourmaline and equipment, and for his kind help 
and encouraging suggestions. 
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Sound Level Meter Performance 


J. E. TWEEDDALE 
Electrical Research Products, Inc., New York, New York 
(Received September 12, 1940) 


In the past decade, the increasing use of sound level meters in industry has fully demon- 
strated their value. However, with this increasing use, there has grown a more critical attitude 
with respect to their relative performance. A fundamental criticism, particularly in the case 
of noise acceptance measurements, has been the frequently observed lack of agreement among 
sound level meters of different manufacturers, though calibrated to the same reference level 
and otherwise fulfilling the performance requirements of the ASA. This paper discusses the 
factors responsible for this condition. Suggestions are advanced relative to the elimination 
of the tolerable deviations in frequency response of the standards that should aid materially 
in clarifying and improving the existing situation. In addition, the results of advances in the 
direction of improving the stability or constancy of performance of sound level meters are 


presented. 


HE use of sound level meters by industry 

has advanced rapidly in the past decade, 
spurred on by the growing public demand for 
quieter products. Quantitative information pro- 
vided by them has fully demonstrated their 
value in numerous industries. In the hands of 
experienced investigators and engineers, they 
have served to provide comparative ratings of 
the noise performance of a wide variety of 
products; to aid in the direction of the develop- 
ment and application of logical noise reduction 
measures; and, to permit the establishment of 
noise acceptance tests and inspection methods. 

In the course of this period, a continuing 
study of industrial noise problems has been made 
for the purpose of furthering the development of 
sound level meters and other associated equip- 
ment in order to fulfill more adequately industrial 
requirements. From the cumulative experience 
of a wide range of users, constructive comments 
and criticisms have been obtained which reflect 
the reaction of industry to the adequacy and 
performance of sound level meters. These have 
been of extreme value in advancing the design 
of such meters and increasing their general 
utility. 

The comments and criticisms of industrial 
users on the performance of sound level meters 
may be classified into two distinct general groups. 
In the first there may be included those basically 
related to limitations in the standard specifica- 
tions for sound level meters when applied to the 
special problems of industrial noise measure- 
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ments. The second general group of comments 
include those related to limitations in the specific 
design and operating characteristics of meters as 
manifested primarily by their degree of stability 
or constancy of performance. 

Foremost among the comments assignable to 
the first group are (1) the apparent variability 
of performance among sound level meters as 
reflected in certain types of application, par- 
ticularly noise acceptance tests and (2) relation- 
ship of objective total noise measurements to 
jury judgments of loudness. 

Considering a specific case of the first type, 
users have frequently reported, when measuring 
a given noise, a disparaging lack of agreement 
and consistency among sound level meters, 
though presumably calibrated to the same 
reference point and otherwise fulfilling certain 
standardized performance requirements. Investi- 
gators with a background of acoustical experience 
have appreciated the factors responsible for this 
condition and by reason of their experience and 
access to other acoustical laboratory facilities 
have been able to overcome these limitations by 
a wide variety of methods and thus satisfy their 
particular requirements. Even under these cir- 
cumstances this has not been an entirely satis- 
factory and convenient procedure. In the case of 
industrial users without benefit of previous 
acoustical experience and interested solely in 
the measurements, observations of this character 
have been particularly disconcerting, and by 
reason of the confusion introduced have tended 
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to discredit the value of such measurements. 
The basic factors responsible for this situation 
will be subsequently discussed. 

In the second type of comments of the first 
group, the general lack of even approximate 
agreement between objective total noise measure- 
ments and aural judgments of loudness have 
been frequently disappointing to industrial users 
of limited experience. This is the result of their 
failure to appreciate the inherent limitations of 
sound level meters and the complex factors in- 
volved in instrumental loudness determinations. 
Though it is evident to the experienced that the 
accomplishment of loudness measurements is 
completely outside the limitations of sound level 
meters, unfortunately, it is still a popular con- 
ception that sound level meter measurements are 
all-inclusive. An adequate discussion of these in- 
herent limitations will be found in a paper by 
Barstow. 

Experience has shown that these confusing 
situations are attributable in a large part to the 
popular association of the magic word “‘standard” 
with sound level meters, conveying the im- 
pression that such objective measurements are 
as completely definitive as all other straight- 
forward physical measurements of common ex- 
perience. Though this is an ultimate objective 
of all noise investigators, it has not been realized 
in present-day practice by the use of sound level 
meters alone. 

The second group of comments and criticisms 
on the performance of sound level meters is 


1J. M. Barstow, 
sound level meter performance,” J. 
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primarily concerned with the effect of design 
limitations and operating characteristics on the 
stability of the meters. All users are vitally 
interested in the ability of sound level meters to 
provide reliable and reproducible measurements 
under a wide range of conditions. For maximum 
utility individual sound level meters must not 
only fulfill the specified standards but must 
maintain constant characteristics under all cir- 
cumstances. In recognition of these factors, con- 
tinuing advances have been made in the design 
of the meters to improve their performance in 
these 


respects. The results of developments in 


this direction will be subsequently presented. 


LIMITATIONS DUE TO TOLERABLE DEVIATIONS 
FREQUENCY RESPONSE 


The most fundamental criticism of industrial 
users on the performance of sound level meters is 
the frequently observed lack of agreement among 
meters particularly those of different design and 
manufacture. This situation is the result of a 
number of factors primarily connected with the 
limitations of the tentative standards on the 
performance of sound level meters when applied 
to industrial noise problems. 

Referring briefly to these standards,? one of 
their objectives was to bring about a condition 
such that if a given noise of a general character 
was measured with any meter designed to fulfill 
certain standard requirements, the result would 
be substantially the same as that which would be 
obtained with any other similarly designed meter. 


2 American Tentative Standards for Sound Level Meters 
Z24.3 (American Standards Association, 1936). 
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Fic. 2. Frequency analyses of noise from two similar types of mechanical units. 


Standards were specified for accomplishing these 
objectives, one of which, frequency response, is 
of immediate interest. A design objective and 
tolerable deviations were specified which, in 
conjunction with specified procedures for adjust- 
ment of primary calibration, would provide for 
a given noise of general character the desired 
agreement among meters. 

In the case of industrial noise problems, it is 
evident that these specifications are not com- 
pletely applicable. The noises produced by various 
products are rarely of general frequency com- 
position. They are usually characterized by the 
presence of one or more prominent components 
distributed over the frequency spectrum. In 
addition it is current practice to maintain 
calibration at the standard reference point with- 
out making arbitrary adjustments to compensate 
for deviations of the frequency response from 
the design objective as specified in the standard 
requirements. Under these circumstances, it will 
be evident that a wide range of frequency re- 
sponses is permissible within the limits of the 
present standards, all passing through the stand- 
ard reference point, and that a correspondingly 
wide range of results can be obtained. 

To illustrate the effect of these factors, the 
results of hypothetical measurements made by 


two differing sound level meters on the noise 
produced by two similar types of mechanical 
units though of different manufacture will be 
shown. The two meters have the widely differing 
over-all free field responses, within the tolerances 
of the 70-db weighting curve of the standards, as 
shown in Fig. 1 and are similarly calibrated at 
1000 c.p.s. The frequency analyses of the noise 
of the two units are shown in Fig. 2. Results of 
the hypothetical measurements are given below. 
For comparison the results that would have 
been obtained by a meter fulfilling the design 
objectives are also given. 








Noise Source | S.L.M. “A” S.1.M.“R* Design Objective 
A 83.1 db 86.5db | 84.8 db 
B ! 


_ 89.6 db _ 86.2 db 


88.3 db 








This selected illustration serves to demonstrate 
the character and magnitude of the departures 
in agreement that can be obtained between two 
meters, both fulfilling the ASA standards, for a 
given noise source. It is also evident from in- 
spection of Fig. 1 that departures considerably in 
excess of those of the illustration could be ob- 
tained in special cases. Another condition of 
interest is also shown in the illustration, the 
reversal of performance of the two meters, meter 
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“A” reaaing low on source ‘“A”’ but high on 
source ‘B.’’ In the general run of industrial noise 
measurements, the observed departures due to 
factors of this nature have been more moderate, 
but frequently such departures are well in excess 
of commercially acceptable tolerances. 

Though situations of this character are usually 
explainable, they have been found to be very 
confusing to the inexperienced user who is 
interested solely in direct results. This is par- 
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ticularly true in the case of the industrial user, 
who purchases a meter with the assurance that 
it fulfills an ASA standard, only to learn in 
contracts involving noise specifications that the 
standards can be remarkably and sometimes 
disastrously flexible by reason of the permissible 
tolerable deviations. 

Numerous suggestions have been advanced for 
the purpose of improving these conditions and 
providing better agreement among sound level 
meters. Principal among these have been two 
suggestions, (1) the reduction of the tolerable 
deviations in the frequency response of the 
standards and (2) the more direct method; the 
complete elimination of tolerable deviations from 
the standards to conform with the general 
practice in the establishment of engineering 
standards. 

In the case of the first suggestion, while theo- 
retically it would undoubtedly improve com- 
parative performance, it would be a very ques- 
tionable procedure for a number of reasons. 
Foremost among these is the fact that a satis- 
factory reduction in these tolerable deviations 
can only be accomplished by a material increase 
in the cost of the meters, with the consequence 
that all users whose requirements are presently 
satisfied with the existing standards would be 
needlessly penalized. These have been the prin- 
cipal specious arguments for the establishment 
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and retention of the tolerable deviations in the 
existing Z24.3 standard. 

In the case of the second suggestion, the view. 
point is taken that the inclusion of tolerable 
deviation specifications in the frequency fe- 
sponse characteristics is incompatible with the 
basic purpose of the complete standard. The 
contention is raised and advanced that the 
standard should confine itself solely to a design 
objective without reference to any tolerable 
deviations. On this basis the specification of 
permissible tolerable deviations would be prop- 
erly the prerogative of working test codes, 
derived from the basic standard, and devised to 
meet the particular requirements of individual 
industries or types of products. In addition, 
under these requirements, calibration of indi- 
vidual sound level meters for over-all free field 
frequency response would properly be in order 
to determine the departures from the design 
objective of the standard and the fulfillment of 
the tolerance deviations of the working code. 
These procedures would serve to clarify this 
particular phase of noise measuring problems, 
and simultaneously remove a number of erro- 
neous popular conceptions relative to sound level 
meters. 

As the possible deviations from agreement 
among sound level meters due to variable fre- 
quency response are not directly amenable to 
solution, various procedures can be applied to 
reduce their effect. Basically these require exact 
knowledge of the over-all free field frequency 
response of individual sound level meters, as 
well as a knowledge of the frequency and magni- 
tude of the major components of the noise under 
consideration. Briefly, in the case of noises having 
only a few known frequency components, simple 
adjustments may be made by taking into account 
the differences between the actual frequency 
response of the meter and the design objective, 
and the relative magnitude of the frequency com- 
ponents. By this method, a reasonable approxi- 
mation can be obtained of the results that would 
be provided by a meter meeting the design ob- 
jective. An advance on this procedure would be 
the calculation of the sound level from a complete 
frequency analysis of the noise. These procedures 
are cumbersome and inconvenient but if the 
nature of the noise problem is such that definite 
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SOUND LEVEL 
standard results are required, they are the 
principal procedures available. Obviously, it 
would be in the province of industrial working 
codes to establish detailed specific procedures to 
fulfill particular requirements. 


IMPROVEMENTS IN THE STABILITY OF 
SouND LEVEL METERS 


All industrial users of sound level meters have 
been inherently concerned with the stability of 
sound level meters and the reliability and repro- 
ducibility of the results. The ability of sound 
level meters to maintain constancy of perform- 
ance is of paramount importance, particularly in 
long term comparative measurements. Any un- 
known and variable performance may not only 
result in loss of time by necessitating constant 
checking but may, if undiscovered, result in 
erroneous and inconsistent conclusions. In recog- 
nition of the importance of the requirement of 
stability, extensive studies have been conducted 
by various investigators to determine the prin- 
cipal factors influencing instability. It has been 
found that the primary influencing factors are 
related to the mechanical ruggedness of all com- 
ponent elements, to temperature coefficients, to 
constancy of primary calibration, to circuit 
design and to effects of variable power supply. 

An extensive investigation has been made of 
these factors resulting in continuing advances in 
the improvement of the stability and reliability 
of the sound level meter. Specific improved 
designs have been evolved which satisfy the 
majority of requirements for stability. Descrip- 
tively, these sound level meters employ improved 
amplifier and metering circuits, moving coil 
transmitters and are a.c. power operated in one 
model and a.c. or battery operated in another 
model. Moving coil transmitters were selected 
for use since experience has shown that they are 
extremely rugged, retaining their calibration in 
spite of rough handling and careless use. A.c. 
power operation was selected for convenience, as 
a survey showed that such power would be 
available in the majority of instances. 

Experience has shown that good constancy of 
primary calibration can be satisfactorily main- 
tained with these improved designs. This has 
resulted in the elimination of internal calibrating 
circuits common to sound level meters of earlier 
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days. A typical check record of the deviations 
from initial primary calibration for a sound level 
meter on which a relatively complete case history 
is available for a fourteen-month period, is shown 
in Fig. 3. Incidentally, in this period this meter 
has been transported over 20,000 miles using all 
available modes of transportation and, though 
amplifier tubes have been replaced, no changes 
have been made in the original gain settings of 
the amplifier. 

Suitable stability has also been provided for 
all reasonable variations in power supply voltage 
and frequency. For line voltage and frequency 
variations of ten percent there is substantially 
negligible variation of the over-all response of the 
meter. The variation of a typical meter with 
respect to line voltage variation is shown in 
Fig. 4. 

Extensive investigations have also been made 
of temperature effects on the performance and 
stability of sound level meters. It has been found 
that there are two primary independent sources 
of error in this respect, the transmitter and the 
combined result of all components of the ampli- 
fying and metering circuit. 

Huber’ has previously pointed out the limita- 
tions of transmitters in this respect. He showed, 
however, that these effects in the case of moving 
coil transmitters are principally confined to the 
range below 100 c.p.s. and are substantially 
lower than for the case of crystal type trans- 
mitters. This conforms with our experience. At 
present the temperature effect on the moving 
coil transmitter has not been eliminated, al- 
though there is good possibility that future 
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Fic. 4. Sound level meter response vs. line voltage. 








3 Paul Huber, ‘‘Some physical problems in noise measure- 
ment,” J. App. Phys. 9, 452 (1938); “‘Sound level meters 
from the user’s viewpoint,” J. Acous. Soc. Am. 12, 167 
(1940). 
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Fic. 5. Temperature characteristics of sound level meters 
with transmitters excluded. 


development will materially improve this situa- 
tion. However, experience has shown that for 
the great majority of users, particularly those 
working above 100 c.p.s., or over a limited tem- 
perature range, this factor will introduce no 
serious limitations. In the case of those users 
where this temperature effect might be a limita- 
tion, special calibrations can be provided, since 
it has been found that with the moving coil 
transmitter, these effects are reproducible. 

It has also been found that the temperature 


effect on the combination of elements comprising ° 


the amplifier, weighting and metering circuits are 


TEEDDALE 


also a potential source of error. In some sound 
level meters, these effects were frequently so 
large as to definitely limit the value of measure- 
ments even over narrow temperature ranges, 
The temperature characteristics of such a meter, 
with transmitter excluded, is shown on curve “4” 
in Fig. 5. With improvements in both com- 
ponents and design of amplifying, weighting and 
metering circuits, these temperature effects have 
been satisfactorily minimized. The temperature 
characteristic of a typical improved sound level 
meter is shown as curve “B”’ on Fig. 5 

The foregoing section has discussed the prin- 
cipal factors influencing the stability of the 
sound level meters and has shown the improve- 
ments that have been effected. Continuing in- 
vestigations are being carried on with the 
prospect that existing limitations will be further 
reduced and thus more completely satisfy the 
requirements of all users in these respects. 

The rapid advances in the application of 
sound level meters in industrial noise problems 
have been effected in spite of numerous inherent 
limitations in their performance. Further progress 
will be effected by the recognition of these 
limitations and the demarcation of the functions 
of standards and working codes to fulfill more 
satisfactorily industrial requirements. 
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The Influence of Certain Atmospheric Conditions upon Sound 
Transmission at Short Ranges 


HALSON VASHON EAGLESON 
Department of Physics, Indiana University, Bloomington, Indiana 


(Received July 30, 1940) 


A formula was derived giving sound intensity as a function of temperature, humidity and 
barometric pressure. A series of measurements was made of the intensity of sound from constant 
sources at short fixed distances. Readings were taken in all sorts of weather that can be found 
in Indiana. It was found that in general the experimental values agree with those calculated 


from the formula to within five percent. 


INTRODUCTION AND HISTORY 


HIS research is an attempt to make an 
experimental study in as quantitative a 
manner as possible, of the influence of various 
weather conditions upon sound transmission at 
short ranges. Special emphasis is laid upon the 
derivation and experimental verification of an 
empirical relationship between temperature, 
barometric pressure, humidity, and the sound 
intensity which is received at a given point 
whose distance from a constant source is great 
in comparison to the dimensions of the source. 
Although loudness has studied by 
numerous experimenters, investigation of the 
literature of sound will show that very little 
experimental work has been done on sound 
intensity. This is especially true insofar as a 
study of those factors which affect intensity is 
concerned. The difficulties involved in such a 
study are so numerous that only a few will be 
mentioned in the section on experimental method. 
One of the earliest experimenters on the 
transmission of sound under various weather 
conditions was a Doctor Derham.' He found 
that various forms of precipitation produce a 
noticeable interference in the propagation of 
sound. He explained this interference as the 
result of reflections from the numerous particles 
that would be present in fog or other forms of 
precipitation. 


been 


By finding that the range of a given sound 
was greater on some foggy days than on clear 
days, Tyndall showed that the reflection theory 
was incorrect.? He explained observed variations 


' John Tyndall, Sound (Appleton, 1901), p. 288. 
? Reference 1, pp. 297, 302-304. 


in intensity as resulting from the lack of homo- 
geneity of the air. This is brought about by 
unequal heating and resultant air currents. 

Observations of the intensity of sound and 
atmospheric conditions in Switzerland by Mme. 
Bieler-Butticaz indicated quite a decrease with 
increasing temperature and a slight decrease 
with increased humidity.* She observed also an 
increase with increasing barometric pressure. 
Considerable decrease was noted with various 
forms of precipitation. 

The decrement of the intensity of sound caused 
by drops of water of certain size was calculated 
by Sewell.‘ Sewell assumed motionless spheres 
and also that the volume occupied by the drops 
was small in comparison with the volume 
occupied by the fog. He found that if the 
diameter of a drop is 0.02 mm and there are 10° 
drops per cc, the fog does not interfere with the 
propagation of sound. But a diameter of 0.002 
mm and 10° drops per cc cause a rapid decrease 
in intensity. His calculations also showed that 
the drops could be as small as 0.002 mm and not 
interfere if it is assumed that the drops vibrate 
with the surrounding air. 

V. O. Knudsen calls attention to experiments 
which showed that the absorption of audible 
sound in air of different relative humidities at 
20°C for frequencies 1500, 3000, 6000, and 10,000 
cycles was a maximum for a certain relative 
humidity. He also showed that absorption in 
air depends upon temperature and humidity in a 
characteristic manner unsuspected by classical 


3 Mme. Bieler-Butticaz, Arch. des Sciences 3, 548-550 
(1921). 
4 Sewell, Monthly Weather Rev. 42, 258-265 (1914). 
5V. O. Knudsen, J. Acous. Soc. Am. 5, 199-204 (1934). 
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theory and that above 1000 cycles it is so great as to require consideration in such problems ag 
architectural acoustics and sound signaling. It also seems that the presence of less than 1 percent 
of certain impurities in gases changes the speed several percent and the absorption coefficient several 
hundred percent. 


THEORY AND DEVELOPMENT OF FORMULA 


We may define sound intensity as the rate of flow of sound energy through a unit of area. 

Following a method given by Crandall,* we may determine from the following considerations: 
the intensity at the surface of a sphere of radius 7 when the source is located at the center of the 
sphere. The general equation for the propagation of sound waves in three-dimensional space is 


ed 0% a J 
——e(——+ _ =0, (1) 
ot" dx* Oy 2" 
where ® is a velocity potential. In spherical coordinates we let 

x=rsin@cos¢, y=rsin@sing, z=rcos 6 


0° ab 200 1 @ dP 1 od 
-<(- ae ane -— (sino )+ aenerte )=o. (2) 


ol? Or? ror rsin60é@ 00 r? sin? 6 d¢° 


and get 





If we consider our source of sound as a small one which is located at the origin, and that we have 
spherical symmetry about the origin, @ is a function of r and ¢ only. In place of (2) we now have 


eas 0*>h 20h 

ait —<( rei (3) 
ol" Or? ror 

If we choose a new function ®=r¢@ then 


bh dh <dhpdr Ar A (rd) 








ee Je A OT Jeera 
or? ot? Ot dt ot" of? 
and 
ab a ad a2(rd 
c* =0(r- =z Jae —, 
or? or? or ér* 
Eq. (3) becomes 
0?(r) 0°(rd) 
— = ¢*———, (4) 
ol" or? 
The solution of this equation is 
A B ; 
¢=—f(ct—r)+—F(ct+r). (5) 
r r 


The first term on the right represents a spherical wave diverging radially from the source. The 
second is a wave which is converging toward the source. 

Since ¢ is taken from a velocity potential, it is a wave function whose square is proportional to 
the intensity. This can be seen from (5), which shows that all expressions for the energy in the 
wave will contain A*/r*. In other words, the energy density at any point whose distance from the 
source is 7, will vary as 1/r’. 


‘1. B. Crandall, Theory of Vibrating Systems and Sound (D. Van Nostrand, 1927), pp. 116-119. 
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We are interested only in the diverging wave. Let us suppose that 
A 


¢=—f(ct—r) (6) 
r 


Yr 
f(ct—r) =cos o(- -). 
Cc 


Op Aw r A r 
~ = D(r) = —— sin o(-*) += cos o(1-"), (7) 


or rc c r- c 


and that 


We now have 


where D= particle velocity. 
The total rate of flow of energy through a spherical surface of radius r is therefore given by 


} 4rAw r r 
4rr*D(r) = ———r sin o( 1") +4n4 cos o(:-"). (8) 


c Cc c 


Consider the source as a very small sphere of radius ro. If D(ro)=Dy cos wt and we let 
(4mro2Do) cos wt=.S cos wt we have from (8), as r—-7r 0, that S cos wt=47A cos wt. We define 
S=4nr,?D» as the strength of the source, since it represents the maximum rate of emission of energy 
from the source. We have now determined the constant A of (6). We may, therefore, write ¢ at 
any point in the medium resulting from a small periodic source of strength S. We have 


S r S 
o=— cos o( )= - cos (wt— Kr). (9) 


4rr Cc 4nr 


The rate at which the source is doing work at the surface of a sphere surrounding the source at 


its center, is found by taking the product of the pressure times the total flux or rate of flow through 
the surface. We therefore have, from (9), 


‘ 0g SK S 
D=——= —— sin (wt — Kr) +——— cos (wt — Kr) (10) 
or 4rr 4rr? 
and 
Swp 
P= p¢d= ——— sin (wt— Kr), (11) 
4rr 


where P=sound pressure and p=density of the medium. The rate of working is given by 


SKup 1 ; 
4ar? DP =—— sin (wt — Kr) ——— sin (wt— Kr) cos (at-Kn)| (12) 
Ar Kr 
pcS*K? 1 
= ————] 1—cos 2(wi— Kr) —-— sin 2et—Kr)| 
8r Kr 
and the average rate at which the source is working is 
SK? 
4nr*I = pc———. (13) 
8r 
From (13), we get 
Stk? 
I = DP =pC—— (14) 
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where J is the sound intensity at the surface of a sphere of radius r, due to a source whose strength 
is S and which is located at the center of the sphere. 
From (14) we are now ready to develop the equation which will give the intensity as a function 
of temperature, barometric pressure and humidity. In Eq. (14) we have 
w 2nn 2r 


K=-= = —, 
c 6oMmX r 


S is the strength of the source, and r is the distance from the source. If these quantities are con- 
sidered constant, we may write 


I=GpC, where G= “ (15) 


In other words, when we have a constant source working at a fixed distance, the intensity of the 
sound which has traveled this distance is a function of the density of the medium and the velocity 
of the sound. The intensity is thus affected by those things, and only those things, which will alter 
either of these quantities. 

The velocity of sound is given as a function of temperature by the following expression 


V = 330.6(1+0.003707¢— 1.2561? X 10-7)? X (1+), (16) 


where 6= —0.43 percent.’ 
The velocity of sound as a function of humidity is given by 


evo 5\7! 
yai-4(%-)} A 
BY\y. 8 


where C is the velocity of sound in humid air.® 
The density of moist air? may be expressed in grams per cubic centimeter as 


464.6 7B —0.3783e 
p=— ( )s cm?*. (18) 
10° 2734+ 


In expressions (16), (17), and (18), ¢ is centigrade temperature, y. and ya represent the ratios of 

the specific heats of water vapor and air, respectively. B is barometric pressure and eé is vapor pressure 

or humidity. Barometric pressure and humidity are generally expressed in millimeters of mercury 

in the work which is to follow. 
Combining (16) and (17), we have 


330.6(1+ 0.003707 — 1.256/? K 10-7)? K (1+) 


itn (19) 
efyo 5\7 
me) 
B\y. 8 
It now remains to substitute (18) and (19) in (15), giving 
330.6(1+0.003707/ — 1.256t2 1077)! (1+6) 464.6/B—0.3783e 
Patines nanmeliciifactiatab ts kpetnaes nel ——-( Je. (20) 
273+ 


€ fo 5\73 106 
BX\y. 8 
7Int. Crit. Tab. 6, 461-462. 


8 E. H. Stevens, Ann. d. Physik 7, 293 (1902). 

























eth 


tion 


con- 


(15) 


' the 
city 
alter 


(16) 


(17) 


ssure 
rcury 


(19) 


(20) 


SOUND TRANSMISSION THROUGH THE ATMOSPHERE 431 


If we include the numerical constant factors and the constant G in a single constant K, we may write 


I=K 


( 1+0.003707t— 1.2562 K 1077 ) 3 (——— 


| e ( 5 
1—- a ae 
\ B\y. 8 


When the values of y. and y, are inserted, we have as a working formula 


B(1+0.003707¢— 1.2561? X 10-7) \ ? 
1=K( oon tie ) 


B—0.301e 


I.XPERIMENTAL 


In order to know what to expect from each of 
the various factors involved in this problem, it 
was felt that some sort of laboratory experiment 
was necessary in which they could be controlled 
as much as possible. Control is out of the question 
when observations are made out in the open 
where weather conditions may vary simultane- 
ously or in any possible manner. 

To be able to study the effect of each of the 
factors separately, a box was built as follows. 
Celotex wallboard one-half inch thick was used 
for the walls. The outside dimensions of the box 
were eight feet in length by three feet wide and 
three feet three inches deep. It was heavily lined 
with felt, making the inside dimensions seven 
feet eight inches in length, two feet six inches in 
width, and two feet ten inches deep. A lid was 
fastened to the box with hinges in order to 
afford greater convenience in working on the 
inside when necessary. A small platform was 
built on the outside at one end. A condenser 
microphone was then supported on the platform 
and fastened through a hole which was cut in the 
box. This microphone was used to pick up the 
sound which was made by a small whistle that 
was mounted through a hole at the other end 
of the box. Thermometers were fastened to 
strings and lowered into the box at each end 
through small holes. This was done so that the 
temperature of the inside could be read without 
lifting the lid each time. 

Measurements were made to investigate the 
influence of humidity, temperature and varying 
amounts of carbon dioxide upon sound intensity. 
Later measurements showed that the results 


ee (21) 
273+41 
B—0.3783e 
sein sols —) (22) 
273+41 


obtained probably represented more the effect 
of the variation of humidity upon the microphone 
than upon the sound. It is for this reason that 
these data have been omitted. 

The next readings were made out in the open. 
The source used in this case was a Sentry auto 
horn, model 33-A. It was placed at a distance 
of about 200 yards from the receiver which had 
been used in the laboratory. A diagram of this 
receiver is given in Fig. 1. The horn was operated 
by means of a switch and a six-volt storage 
battery. The current supplied to the horn was 
kept constant by means of a rheostat. This was 
checked by an ammeter which was kept in the 
circuit. 

Measurements were made with and against 
the wind, since it was decided to eliminate wind 
as a factor. In order to make measurements in 
this manner, the source and receiver were 
assembled and mounted so they could be moved 
from place to place by the use of a small wagon. 
This eliminated the necessity of disconnecting 
and connecting them each time. 

It was found necessary to keep the microphone 
stationary and at a known, fixed distance from 
the source during a series of measurements. If 
either the microphone or source were moved, 
the subsequent readings would vary consider- 
ably, the amount depending upon how they 
were moved relative to one another. 

Barometric pressure was obtained from a small 
portable aneroid barometer whose readings were 
carefully noted during each set of measurements. 
It was checked each day against a mercurial 
barometer whose readings were reduced to 0° 
centigrade. 

Humidity and temperature were determined 
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from a _ wet-and-dry-bulb hygrometer. These 
instruments for measuring temperature, pressure 
and humidity were kept near the receiver. 

A set of signals was arranged between the 
experimenter and his assistant. This was done 
because it was neither convenient nor desirable 





B—0.301e 


which was derived in the section on theory, was 
used in an effort to check the data which were 
obtained. In this formula, J=intensity of sound 
at the microphone; B=barometric pressure; 
t=centigrade temperature ; e= vapor pressure or 
humidity ; K =a constant. 

The constant K was determined experi- 
mentally so that J could be given in terms of the 
readings of the microammeter. In order to 
obtain K, a series of readings of the micro- 
ammeter were taken when the sound traveled 
with the wind and then against the wind. These 
readings were averaged and that average was 
taken as the experimental value of J. The values 
of B, t, and e were taken from the barometer, 
thermometer and the wet-and-dry-bulb hy- 
grometer, respectively. These values were sub- 


to keep the sound source in operation except 
when a reading was to be taken. 

Readings were made in all of the various 
types of weather that may be found in Bloom- 
ington, Indiana, from about the last of January 
through June. The formula 


27344 


B(1+0.003707¢— 1.2562 10-7)\ 3 B—0.3783e 
a 


stituted in the above formula to give a theo- 
retical value of J/K. The experimental value of 
I was divided by the theoretical I/K to give K. 

It is to be noted that each value of K applies 
only for the conditions under which it is de- 
termined. Its value varies jointly with the square 
of the strength and frequency of the source and 
inversely as the square of the distance of the 
source from the point at which I is to be meas- 
ured. Hence, to use a given value of K in the 
formula, the distance must be kept constant if 
the remains constant. If either the 
distance or source be changed, a new value of 
K must be determined. 

There was quite a large amount of difference 
between the theoretical and experimental values 
of J when the readings were taken during, 
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immediately before or after any form of precipi- 
tation such as rain, snow or heavy fog. At other 
times, however, when the humidity was not 
high, the experimental and theoretical results 
would agree to within an average of 5 percent. 

It was thought that the trouble might be due 
to a change in the inertia of the diaphragm of 
the condenser microphone, resulting from the 
condensation of moisture. The microphone was 
kept surrounded with calcium chloride in a large 
jar when not in use. This was to assist in re- 
moving any moisture that might have collected 
while it was being used. It was also noted that 
there was no trouble, if some time was allowed 
to pass following a precipitation, before a reading 
was made. 

There was no certainty as to the amount of 
agreement between theoretical and experimental 
results, or as to whether one would be more or 
less than the other, when taken during these 
periods of high humidity. Because of this fact, 
it was decided to try another experiment to see 
if the lack of agreement between the results 
might not have been caused by the influence of 
humidity upon the apparatus. 

A new amplifier was built. Its diagram is 
given in Fig. 2. This amplifier had three stages 
and was resistance coupled. It was made as 
compact as possible using 1A4 tubes in the first 
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two stages and a 1F4 tube in the third stage. 
These tubes were operated on dry cells. 

Since the impedance of the last tube was 
about 1600 ohms, it was necessary to couple 
the vacuum thermocouple to the amplifier 
through a transformer, the impedance of the 
thermocouple being only 100 ohms. The resist- 
ance box which had been kept in series with the 
old amplifier and thermocouple was eliminated 
because the output from the amplifier could be 
controlled by means of a potentiometer in the 
first stage. 

Because of the fact that moisture might have 
affected the condenser microphone, it was 
desirable to use one which would be as little 
affected as possible by conditions of high 
humidity. A crystal microphone was selected 
from among those available as best meeting this 
requirement. It was a sound cell type R2S2P, 
manufactured by the Brush Development Com- 
pany of Cleveland, Ohio. 

The amplifier, batteries, meter and other parts 
of the receiver were assembled and mounted in 
a small cabinet. The cabinet was made for this 
purpose. Once it was assembled, the receiver 
could be kept connected and easily moved from 
place to place. 


The source used for these measurements is 
called a single trumpet electric-air horn. It was 
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operated from a six-volt storage battery as was 
done in the first measurements that were made 
in the open. 

A series of ten measurements was made with 
this set-up. The source and receiver were at a 
distance of about fifty yards and later at a 
distance of about thirty yards. The exact value 
of this distance is not important because when 
the constant K was determined for a given 
distance, the locations of the source and receiver 
were noted and could be reoccupied without 
exact measurement. 

The first five measurements were used to 
determine the values of K which were 
necessary, since two different distances were 
used. A comparison of the experimental and 
theoretical values of intensity resulting from the 
five remaining measurements is given in Table 


two 


III on the next page. This table is given along 
with Tables I and II which contain the data 
from the first measurements in open air. 

The first outside measurements were made on 
the west side of Bloomington, Indiana, near the 
edge of town. The location is between two hills. 
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At this location, the sound had to 
highway in order to reach the receiver. The site 
is also very close to the Illinois Central and the 
Monon railroad tracks. These last features were 
sometimes a _ handicap, 
were being switched. 

The second measurements were made in an 
field, eight miles north of Bloomington. 
This site is in a valley that runs north and south 
and is about two hundred yards wide and over 
a quarter of a mile long. The Dixie highway 
runs along the top of the east hill. 

Table I is representative of the data which 
were taken outside with the first amplifier, using 
a condenser microphone. All of these readings 
were made during periods when there had been 
no precipitation or when some time had been 


cross q 


especially when 


Cars 


open 


allowed to pass following precipitation. 

Table II illustrates the lack of agreement 
which resulted when measurements were made 
during periods when some form of precipitation 
had occurred. It can be seen that experimental 

values at these times might vary by any amount 
and be either greater or less than theoretical values. 


TABLE I. Data from first measurements in open air. Distance of source=200 yd., log K =1.65415. 
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VAPOR Exp. THEOR. | 

DATE WEATHER Temp. °C | BAROMETER TENSION INTENSITY | INTENSITY DIFF. ERROR 

1936 | | 
April 14 Scattered clouds 28 737.87 mm| 8.97 mm| 109.5 110.8 +1.3 1.19 
April 22 Clear 8.5 751.84 | 4.76 116.4 120.4 +4.0 3.3 
April 23 Clear 16 |749.80 5.04 120.4 119.8 —0.6 0.5 
April 24 Scattered clouds 19 '749.80 | 4.63 1132 116.0 +2.8 2.4 
April 27 Heavy clouds 25 1743.20 11.88 116.6 817 —4,9 4.3 
May 4 Scattered clouds 18 |746.76 8.65 | 117.6 115.7 —1.9 1.6 
May 5 Scattered clouds 28 743.46 16.68 | 105.0 111.3 +6.3 5.6 
May 6 Scattered clouds | 29.5 741.04 | 16.74 113.0 110.4 | —2.6 203 
May 11 Scattered clouds | 27 745.49 | 15.47 | 102.0 112.0 +10.0 8.9 
May 12 | Scattered clouds | 25 744.22 16.49 122.0 112.5 —10.2 9.0 
May 13 Scattered clouds 15 '746.76 8.95 113.3 116.9 +3.6 3.0 
May 14 Clear 18 1750.57 6.26 117.0 116.4 —0.6 0.5 
May 16 Clear 23 749.30 3.74 111.6 114.5 +2.9 2.5 
May 25 Scattered clouds eT |744.73 13.89 108.0 113.0 +5.0 | 44 
May 26 Heavy clouds | 29 (740.41 16.49 120.2 110.5 —9.7 | 8.7 
May 27 Scattered clouds | 28 (739.65 16.68 115.2 | 110.8 —44 | 3.9 
May 28 Clear 22 1741.68 | 6.68 113.0 113.6 +0.6 | 0.5 
June 6 Heavy clouds 27.5 |739.14 16.09 | 1104 | 110.9 +0.5 | 04 
—_ — —__—_—_— — _ — u ———$_—_$_—__—— 

TaBLe II. Data showing influence of moisture* on old sdeiohsniaoataon Distance of source =200 yd., log K= 1.65415. 
. VAPOR 7 Exp. | THEOR. | 

DATE WEATHER Temp. °C | BAROMETER| TENSION | INTENSITY | INTENSITY | DIF! | ERROR 

1936 | | 
April 28 Fog 22 743.20 mm| 14.849 mm 76.8 113.5 +36.7 | 32.33% 
April 29 Scattered showers 20 746.76 15.819 156.6 | 1148 —41.8 | 3641 
May 1 | Scattered showers | 28 743.20 16.680 | 40.4 L 111.3 | +70.9 | 63.70 

| | 














* The last two results were taken during and just after showers, aude. 
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TABLE LI. Data taken using new apparatus. The first three measurements were taken with the source at 50 yd., log K = 1.60686. 
The last two measurements were taken with the source at 36 yd., log K = 1.93924. 














VAPOR Exp. | THEOR. 

DATE WEATHER | Temp. °C | BAROMETER | TENSION INTENSITY | INTENSITY Dirr. ERROR 

1939 | 
Feb. 4 Clear —1 | 75.300 cm| 2.586 mm} 11.5 11.16 | —0.34 | 2.9% 
Feb. 6 Fog and rain 4 73.280 | 4.732 | 21.6 23.1 +1.50 | 6.5 
Feb. 8 Fog and clouds 5 | 74.460 | 5.569 11.3 10.71 —0.59 5.2 
Feb. 13 Fog 9 73.770 | 4.566 10.8 10.73 —0.07 | 0.6 
Feb. 18 Fog | 6.5 74.310 | 4.39 9.95 10.81 7.9 


In order to determine whether or not the 
first apparatus had been influenced by humidity, 
the second amplifier was used with the crystal 
microphone. Table III illustrates the results 
obtained with this apparatus. It can be seen 
that even during precipitation, the agreement is 
about the same as that of Table I which was 
obtained with the old apparatus in weather when 
there had been no precipitation. This would 
seem to indicate that the effect of humidity upon 
the old apparatus manifested itself in the lack 
of agreement as illustrated in Table II. 

In doing this research, the following experi- 
mental difficulties are a few of those that were 
encountered: (1) Interference from trains, pas- 
sing cars and general variation of noise level. 
(2) Variation in wind direction during measure- 
ments, i.e. wind gusts. (3) Selection of a micro- 
phone to meet the requirements of this research. 


CONCLUSIONS 


The purpose of this research has been to 
investigate the manner in which various atmos- 


B—0.301e 


which was derived. It can be seen that the 
formula applies to the intensity which is received 
at a given point when the inverse square law is 
obeyed and when the influence of wind is 
eliminated. The agreement of experimental and 
theoretical results to within an average of 5 
percent is good when the various sources of 
error are taken into consideration. 
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pheric conditions affect sound transmission at 
short ranges, the chief interest being in those 
effects which are produced as a result of actual 
weather conditions. An effort has been made to 
investigate these things in a manner as quanti- 
tative as possible, also to derive and to test 
experimentally an empirical relationship between 
the intensity of sound, humidity, temperature 
and barometric pressure. 

An illustration of the influence of the factors 
mentioned in this work is the variation in the 
intensity of sound from the motor of an airplane 
as the plane approaches or recedes. Aside from 
the influence of air currents, reflections and 
refractions, this sound must pass through and 
be influenced by regions of varying temperature, 
pressure, and humidity. These factors also help 
to determine the maximum distance over which 
a given source may be heard as they vary from 
day to day. 

In general, the results of this work tend to 
indicate the validity of the formula for sound 
intensity 





273+ 
ACKNOWLEDGMENTS 
At this time the writer wishes to express his 
thanks and appreciation to Dr. A. L. Foley who 
suggested and directed the major part of the 
problem. He also wishes to thank Dr. R. R. 
Ramsey who directed the completion of the 
work, Dr. Allan C. G. Mitchell, Dr. E. J. 


Konopinski and the other members of the staff 
for their help and suggestions. 





JANUARY, 


1941 AAS. A 


VOLUME 12 


Sound Velocities in Gases Under Different Pressures 


R. C. COLWELL 


AND L. H. 
West Virginia University, Morgantown, 


GIBSON 
West Virginia 


(Received October 15, 1940) 


With a rapid succession of sound pulses and an oscilloscope, 


it is possible to measure the 


velocity of sound over short distances. A gas-tight metal container six feet long and twenty-two 


inches in diameter has within it a loudspeaker and movable microphone. 


The pulses sent out 


by the loudspeaker are received by the microphone and translated into a sine wave on the 
oscillograph. Measurements were made upon air, nitrogen and carbon dioxide at different 


pressures. 


APLACE’S formula for the velocity of sound 


in any gas is 
oe ty 
V= , (1) 
d 


in which y is the ratio of the specific heats of 
the gas, P the pressure and d the density. Since 
y is a constant and the ratio P/d also constant, 
the velocity should not vary with a change in 
pressure. Experiments were performed to test 
this equation for air, carbon dioxide and nitrogen. 

A gas-tight metal container was obtained 
which was six feet long and twenty-two inches 
in diameter. The walls of this container were of 
sufficient thickness to withstand heavy pressures 
from either inside or out. One end of the con- 
tainer was closed with a steel plate and her- 
metically sealed. To the other end was welded 
an iron ring, ~ inch thick, 27 inches outside 
diameter and 20 inches inside diameter. Bolted 
to this ring was a steel cover plate 3 inch thick 
and 27 inches in diameter. The joint was made 
gas-tight with a rubber gasket. Passing through 
the center of this cover plate was a packing joint 
so that a rod for moving the microphone could 
slide back and forth without any gas leakage. 
The container was placed with its long axis 
parallel to the supporting bench. In the top of 
the container a thermometer was_ inserted 
through a packing joint so that the temperature 
inside the container could be read on the outside. 
Another opening into the container connected 
to a mercury manometer and either a pressure 
or vacuum pump (Fig. 1). 

A loudspeaker placed inside the container near 
the closed end was held in position by rods 


The velocity did not vary with the pressure. 


331.42 meters/sec.; for carbon dioxide, 258.57 meters/sec.; 


The measured velocities gave for air, 
for nitrogen, 337.12 meters/sec. 


welded to that end. The microphone was 
mounted on a weighted four-wheel car running 
on two parallel rails of such height that the 
microphone was always coaxial with the loud- 
speaker cone. A long rod connected to the 
microphone car passed through the packing 
joint previously mentioned to a pointer which 
moved along a two-meter scale outside the tube. 

In order to prevent reverberation within the 
container tube, loose cotton was placed between 
the loudspeaker and the adjacent end of the 
tube, and extended two feet in front of the 
speaker. An opening ten inches in diameter was 
left in this cotton for the car to travel through 
as well as the sound. The rest of the container 
was filled with baffles made of cardboard covered 








TABLE I. Velocity in air at 0°C. The average for all the 
readings ' was 331.42 meters per second. 
PRESSURI 176 | 151 ir 126 6 | 1 101 | 76 51 26 


Velocity |» 330.92 ‘ 331.19 | 331. 84 331.97 | 331.08 | 








331.32 | 331.58 
| 





TABLE II. Velocity in CO, at 0°C. The average for all 
readings was 258.57 meters per second, which is close to the 
accepted value. 


PRESSURE | 176 |} 151 126 | 101 | 76 51 | 26 


Vi eloc ity |? 





259. 9.56 | 259, 31 | 


259.31 259.56 





TABLE III. Velocity in nitrogen at 0°C. The average for 
2100 measurements was 337.12 meters per second. If the 
values for nitrogen are substituted in Eq. (1), namely y 
= 1,404, P=1.013X10° and d=0.001251, the theoretical 
value is 337.18 meters per second. 


: —— 
176 | 151 126 | 101 | 76 | 51 | 26 


| 337.31 








PRE SSSURE 


Velocity | 335. 36 335.94 | 335.96 337 66 | 337.21 | 337.31 
af 
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Fic. 1. Schematic diagram of 
apparatus. A, oscillator used at 
3000 cycles per second; B, 
amplifier; C, the metal con- 
tainer ; D, loudspeaker ; E, cotton 
packing; F, F, baffles; G, micro- 
phone car; H, thermometer; K, 
gas-tight joint; L, sliding rod; 
M, scale. 





with cotton. Each baffle had a hole ten inches 
in diameter. The baffles were placed twelve 
centimeters apart. These broke up the sound 
waves, partially absorbed them and prevented 
reflection from the sides of the tubes. 

The electrical vibrations were generated by a 
variable frequency oscillator, amplified and 
passed into the loudspeaker. The resulting sound 
waves were picked up by the microphone and 
translated back into electrical vibrations. The 
leads from the microphone connected to the 
vertical plates of the oscilloscope. The horizontal 
plates of the oscilloscope connected to the input 
terminals of the amplifier. A sine wave appeared 
upon the screen of the oscilloscope which moved 
across the screen when the microphone car in 
the container was moved away from the loud- 
speaker. By measuring the distance the car 
moved in order to produce a displacement of 
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one wave-length on the screen, it was possible 
to determine the velocity of sound in the 
container. The results are given in the tables. 
Tables I, II III are for air, carbon dioxide and 
nitrogen, respectively ; five hundred readings were 
taken at each pressure. The pressure is measured 
in centimeters of mercury. The averages are for 
fifty readings at each pressure. 

After the apparatus is set up, it is an easy 
matter to measure the velocity of sound in any 
gas which can be obtained in large quantities. 
The values given for the different gases are not 
final because stress was placed upon the method 
and not the results. The accuracy depends upon 
a very careful measurement of small distances. 
A frequency of 3000 cycles per second was 
chosen in order to give approximately 11 
centimeters for the distance to be measured when 
the container was filled with air. 
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Ultrasonic Absorption and Velocity Measurements in Numerous Liquids 


GERALD W. WILLARD 
Bell Telephone Laboratories, New York, New York 


(Received October 11, 1940) 


By means of ultrasonic light-diffraction phenomena the 
velocity and absorption of sound in some forty transparent 
liquids were measured in the frequency range of 6 to 
30 Mc. Among the list of materials studied are mixtures 
of liquids in varying proportions, several solutions of solids 
in liquids, and a nonliquid jell. A novel-construction 
glass-to-metal-to-quartz cell made possible the study of 
highly solvent liquids. Velocity values were obtained from 
measurements of the diffraction spectra spacing. Absorp- 
tion values were obtained by measurement of the sound 
radiator voltages required to produce certain color trans- 
mission effects at measured distances from the sound 


INTRODUCTION 


HE number of liquids whose sound absorp- 
tion has been measured at_ ultrasonic 
frequencies is rather limited.'* Even more limited 
are corroborative or confirmative measurements 
made at an identical frequency. This is rather 
surprising for two reasons. First, there has been 
considerable speculation as to the lack of corre- 
lation of measured absorptions and those calcu- 
lated from viscous and thermal loss theory.’ 
More experimental data is quite necessary to the 
confirmation of proposed explanations for the 
noncorrelation. Secondly, the very interesting 
ultrasonic, light-diffraction phenomena of Debye- 
Sears and Lucas-Biquard? offer a simple method 
of obtaining data on transparent materials over 
a considerable frequency range. This method may 
be employed to obtain qualitative data rapidly 
or quantitative data with good accuracy. Also, 
these experiments are very intriguing because of 
their visual display of wave diffraction and inter- 
ference phenomena not easily observed in ordi- 
nary acoustics or in optics. 

Sound velocity measurements, on the other 
hand, have been made in many liquids at or 
near 8 megacycles.' However, only a few liquids 

1 Most of the ultrasonic publications up to 1938 may be 
found summarized in L. Bergman’s excellent book, Ulira- 
sonics, translated by H.S. Hatfield (John Wiley, 1939). 

2Further summaries and bibliography up to 1939 are 
found in W. T. Richard’s paper, ‘‘Supersonic phenomena,” 
Rev. Mod. Phys. 11, 36 (1939). 


3 See reference 1, p. 128. 
4 See reference 1, p. 63. 
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radiator. The use of a mercury arc light-source enhanced 
the necessary color effects. The relation between sound 
beam width (in the optical direction) and light trans. 
mission was studied. In general, the values of velocity 
obtained were found to be independent of frequency, and 
the absorption to be proportional to frequency squared 
and unrelated to calculated viscous and thermal losses. 
A simple calculation is proposed for estimating absorption 
errors caused by sound beam diffraction and spreading, 
These apply as well to absorption measured in other 
methods than here used. 


have been studied over a considerable frequency 
range. Sound velocity, as well as absorption, 
may be measured by the ultrasonic light-diffrac- 
tion method. In general velocity may be meas- 
ured with considerably greater accuracy than 
absorption. For several reasons it is felt that 
velocity measurements should always be ob- 
tained along with absorption measurements. 
The value of velocity furnishes a check on the 
exact identity of the material and on conditions 
of experiment. Also, constancy of velocity over 
a frequency range indicates absence of anoma- 
lous absorption (not proportional to frequency 
squared) over the frequency range covered. 
Further, an approximate value of velocity, at 
the frequency in use is necessary to an estimation 
of the error caused by spreading of the sound 
beam and to calculation of allowable sound beam 
widths useful with ultrasonic light-diffraction 
cells.* 

The foregoing considerations led the writer to 
make an exploratory study of a large number of 
liquids over a considerable frequency range. 
Emphasis was placed on obtaining considerable 
data with moderate accuracy. A new variation 
of the ultrasonic light-diffraction method lends 
itself to the rapid determination proposed. The 
numerous highly unpredictable results obtained 
here should be of considerable use not only theo- 
retically but as a guide in later experiments. 


* Likewise density and index of refraction should be 
determined if not definitely known—as for example with 
indefinite liquids like kerosene, turpentine and oils. 
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Fic. 1. The ultrasonic light-diffrac- 
tion cell and optical system. Copper 
foil CF, forming bottom and ends of 
cell, is soldered to glass plates G and 
quartz radiators Q: and Qo. Slit S2, lens 
L, and screen are used in measuring 
absorption. These are replaced by lens 
L; and scale in measuring velocity. 


APPARATUS 


Figure 1 shows the ultrasonic cell especially 
constructed for these measurements. Since many 
of the liquids to be tested were strong solvents, 
the quartz radiator, tank body, and glass 
windows could not be joined together with 
common waxes, cements, or gaskets. The cell 
built for this purpose was a quartz-to-metal-to- 
glass seal type. The edges of the quartz plates 
Q1,2 and glass plates G were copper plated over 
chemically deposited silver, and then soldered to 
a body of copper foil CF. 

To allow covering a considerable useful fre- 
quency range two quartz radiators, having 
fundamental frequencies of 6.57 and 10.34 Mc, 
were sealed into the cell, one at each end. By 
driving these at their third harmonic, as well as 
the fundamental, two higher frequencies 19.7 
and 31.0 Mc, were also provided (only one plate 
was operated at one frequency at one time). 
These quartz plates were silver and copper 
plated on the inside face and hence were metalli- 
cally continuous with the body of the tank. 
This plating forms the inner quartz electrodes. 
The outer faces of the quartz plates were left 
bare, separate aluminum blocks of appropriate 
size being sprung against their surfaces to form 
the airside electrodes. Vibration of the quartz 
plate, and hence acoustic radiation, occurs only 
from the region of the quartz covered by elec- 
trodes on both sides (caused by the high damp- 
ing of the quartz by the liquid). Hence it is 
simple to change the width of sound beam by 
changing the outer electrodes. 

An oscillator-amplifier which was available was 
used to drive the quartz plates. It consisted of a 
Hartley oscillator driving two power tubes in 
parallel. The quartz radiator and a vacuum tube 





2i525= screen 
SCREEN 


voltmeter were tapped across the tuned plate 
circuit. 

As finally used, the oscillator was operated only 
at the two fundamental frequencies 6.57 and 
10.34 Mc, by the use of two plug-in coils, while 
the amplifier picked out all four frequencies, 
fundamentals and third harmonics by the use 
of four plug-in coils. The absolute accuracy of 
all frequencies was better than one-half percent, 
while the relative accuracy of each third har- 
monic to its fundamental was about one-tenth 
percent. 

The optical system was of the usual variety‘ 
shown in Fig. 1. A General Electric H-4 mercury 
vapor lamp was focused onto a variable width 
slit S; which acted as light source. Lens Le 
collimates the light from slit S, and sends it 
through the cell in parallel rays over a region 
restricted by diaphragm D. Lens Ls refocuses the 
light in the plane of the adjustable slit S.. The 
cell is so oriented that the plane sound wave 
fronts therein are parallel to the light axis 
through the cell. When the slit S; is sufficiently 
narrow, an undiffracted zero-order image of S; is 
formed at S2 and sound-diffracted first, second, 
etc., orders will appear on each side. Each dif- 
fracted order is a spectrum, and the angular 
spacing 8 (measured from the center of the 
sound beam) is equal to the ratio of light wave- 
length A; to the sound wave-length \, (for the 
small angles involved sin 8=8=X_z/\,). The in- 
tensity of light in the various orders is a function 
of the amplitude of the sound waves, and in 
particular the intensity of light in the zero order 
is the square of a zero-order Bessel’s function 
of the amplitude of sound® (or voltage applied to 
quartz radiator). Thus when the slit S»2 is so 


* Reference 1, p. 77. 
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Fic. 2. Light transmission curves for the three principal 
lines of the mercury arc. The slits S; and S, of Fig. 1 are 
so adjusted as to just separate and pass the zero-order, 
undiffracted light. The scale of sound amplitude A is pro- 
portional to and may be replaced by optical phase retarda- 
tion p, or applied sound radiator voltage V. 


adjusted as to stop all diffracted orders of light 
and to pass only the undiffracted zero order the 
system constitutes a light valve. 

For absorption measurements this light valv- 
ing effect was employed. A lens Ly, focuses 
(through slit S.) the central plane of the cell 
onto the screen (as shown in upper part of 
figure). The cell is movable in a track normal to 
the optic axis in order to explore portions of the 
sound beam at different distances from the sound 
radiator. For velocity measurements the slit S2 
and lens L, are removed. As shown in the lower 
part of the figure, lens L; focuses the spectra of 
plane S2 onto a scale for measurement of their 
angular spacings. 

In all cases a sound wave absorbing pad P is 
placed opposite the radiator which is in use, to 
prevent reflection and standing wave patterns. 
This pad may be composed of most any kind of 
fine fibers woven as in a cloth or screen, or 
packed as with wool felt, metal or mineral wool. 
A spaced four-layer fine meshed copper screen 
was used in these experiments. 


METHOD OF MEASUREMENT 
A. Absorption 


It should be noted that when slits S; and S» 
of Fig. 1 are properly adjusted* each portion of 
the sound beam in the cell transmits a definite 
individual portion of light through slit S, onto 
an individual location on the screen. Each por- 
tion of light is a function of the amplitude of the 


* That is S1 <8, so that the undiffracted zero order is not 
overlapped by the first-order diffractions, and S;:<S2<£8 so 
that 5S» definitely passes the zero order and stops all 
high orders. 


WILLARD 


portion of sound beam that the light passed 
through, according to’ such curves as shown in 
Fig. 2.5 

The absorption was measured by comparing 
the quartz plate driving voltages required to 
obtain identical transmission conditions through 
two different portions of the cell separated by a 
known distance. The identical transmission con- 
ditions were in a few cases obtained by measure- 
ment of the light transmission with a _photo- 
cell and meter. However, since the optical 
apertures were rather small and the light source 
not very strong it was difficult to obtain sufficient 
light to give good readings by this method. 

A quicker, more accurate method of observing 
equal transmissions is made possible by taking 
advantage of the pronounced color dispersion 
which is produced with the above-described two 
slit arrangements.** Use of the mercury arc 
further enhanced this condition. The three strong 
lines, of nearly equal intensity, from this H-4 
arc have wave-lengths: Ay =0.578u, A\¢=0.546y, 
Arn =0.436u. Figure 2 shows the transmission 
curves of a cell for these three wave-lengths, i.e., 
the light transmission ratio against amplitude of 
sound waves. The light transmission ratio T is a 
Bessel’s function of the amplitude of optical phase 
retardation through the cell p, T=J,?(2rp).5 
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10 
DISTANCE FROM SOUND RADIATOR IN CENTIMETERS 

Fic. 3. Light transmission and sound amplitude are here 

plotted against distance from the sound radiator, assuming 

a sound amplitude of 20 units (Fig. 2) at the radiator and 

an absorption constant of a=0.3. The unequal transmission 


. of the three light components results in pronounced color 


bands appearing on the screen of Fig. 1. These are used in 
absorption measurements to indicate the sound amplitude 
at the corresponding region in the cell. 


** Using a bar, in place of Ss, to stop the zero order and 
pass all others, gives only poor color effects, as can be 
realized by analyzing the new transmission curves in which 
the ordinates are inverted with respect to those shown in 
Fig. 2. 
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ULTRASONIC ABSORPTION 
Since p is proportional to the sound amplitude A, 
or to the piezoelectric driving voltage V, the 
transmission may be plotted in terms of either 
of these parameters according to convenience. 

Assuming a sound beam intensity of amplitude 
20 units (Fig. 2) at the quartz, and a liquid with 
an absorption constant of a=0.3, (e.g. xylol at 
19.7 Mc), these curves may be translated into 
transmission against location along the sound 
beam in the cell, as in Fig. 3. It is seen that far 
from the quartz, x>8 cm, the transmission of 
each color is above 90 percent and the color 
(resulting from the sum of the three trans- 
missions) is practically unchanged from that of 
the source (H-4 lamp, nearly white). Approach- 
ing nearer the quartz the color gradually changes 
(with subtraction of blue) to mainly yellow at 
x=3 cm. At x=2.5 cm the color is the result of 
small equal intensities of yellow and blue (giving 
a green color) plus a little green—the result 
green. This green region is so narrow and weak 
that it is hardly distinguishable. From x=2.5 to 
2.0 cm there is a very strong blue band due to 
subtraction of yellow and green. It was this 
color band that was most widely used. 

The logarithmic diminution of sound ampli- 
tude along the beam is also shown in Fig. 3. 
A given sound amplitude is associated with a 
given light transmission condition. Thus the 
blue band, above, identifies a definite narrow 
sound amplitude range. When the quartz radiator 
emits a sound wave of greater or less amplitude, 
than assumed in Fig. 3, the color bands move 
away from or towards the quartz, respectively, 
in each case occurring at its proper sound ampli- 
tude. The spacing and width of bands remain 
constant, but move across the cell. A liquid of 
greater or less absorption contracts or expands 
this pattern. 

Now the sound amplitude Ag at the quartz 
radiator is proportional to the voltage Ig on the 
quartz, Ag=kV gq. The amplitude at a distance x 
from the quartz is A,=Age~**. Thus if the 
quartz voltage is successively adjusted to give 
identical blue (or any other color) bands at 
distances x; and x2 from the quartz, Ar=Arn 
and V2/Vi=exp [a(x2—-x:) ], and 


a=([log. (V2/ V1) ]/(xe—4%1). (1) 


Thus the measurement of a distance x2—; in 
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cm, and the two voltages V2 and V; give the 
sound amplitude absorption constant measured 
in nepers per cm.* 


B. Velocity 


The velocity was obtained by measuring the 
spacing of the green and yellow sound-diffracted 
spectra, in the third order for the two funda- 
mental frequencies, and first order for the third 
harmonic frequencies. For water the spacing 
between right- and left-hand orders was approxi- 
mately 50 mm at 6.57 and 19.7 Mc, and 80 mm 
at 10.34 and 31.0 Mc. The difference between 
the yellow and green lines was about 3 and 5 mm. 
For all other liquids the spacing was compared 
with water, and the velocity was obtained by 
assuming a velocity for water of 1.5 10° cm/sec. 


RESULTS 


Table I gives the measured values of velocity 
and absorption, together with other known con- 
stants (density, optical index of refraction, vis- 
cosity), and some calculated functions later 
described. Whereas velocity, density, and index 
of refraction vary over a less than 3 : 1 range, 
sound absorption varies over a 200: 1 range. 
The liquids are listed in the table in order of 
decreasing absorption. 

The absorption constant listed is a/f?, where f 
is the frequency in cycles, and a is the sound- 
amplitude absorption in nepers per cm (A, 
=A ,e—**). The velocity is given in cm/sec. The 
column following absorption lists the frequencies 
at which it was measured; ‘‘a,”’ ‘‘b,” “‘c,”’ “‘d,” 
refer to frequencies 6.57, 10.31, 19.7 and 31.0 
Mc, respectively. Similarly for velocity. Absorp- 
tion and velocity values followed by B are taken 
from tables in Bergman’s Ultrasonics,' absorption 
measurements by Biquard, (p. 133), velocity 
measurements by Parthasarathy, (p. 122), (all 
at approximately 8 Mc). 

Table II shows results for several solid-liquid 
and liquid-liquid mixtures and solutions. The 
gelatin-water jell was of the ordinary household 
variety and concentration, nonliquid. The ben- 
tonite sol was of small concentration and 
entirely liquid. 

* The width of the diaphragm D, Fig. 1, was usually 
about one-third of the x2—x; distance. This width is un- 


important except as it affects the visual distinction of the 
identifying color band. 
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TABLE I. Measured sound amplitude absorption per cm, a, and velocity in cm per sec., v, of unmixed liquids, The frequencies 
of measurement a, b,c, and d are, respectively, 6.57, 10.34, 19.7, and 31.0 Mc. B refers to measurements at about 8 Mc 
by Biquard (absorption), and Parthasarathy (velocity), see reference 1. 






























































iis | le er Vetoc. ‘ao Duns. | INDEX Vise, Factor x ror 
Carbon disulfide CS: m4. |a {1149 |B | 1.26] 1.63| 35/ 54000|) 77 
Glycerol C;H;Os | 26. a 1.986 | B | 1.26 | 1.47 | 8000.0 | 97000 | 18.7 
2,3 Butanediol C4H 190. 20. | ab | | 1.05 | 1.42 
Benzene C.H | 83 ab | 1.295 | ab | 0.87 | 1.50 7.0| 600.0) 83 
9.15 | B 1310 |B | | | | 
Carbon tetrachloride CCl, | 5.7 | ab | 0.930 | ac | 1.59 | 1.46 10.0 | 280.0 40 
| 0.9285 | BS 
Cyclohexanol CsH1:0 5.0 |ab | 1622 | B 0.96 | 1.47 780.0 | 12.5 
Acetylene dichloride C;H2C1, | 40 | ab | 1.025 | B | 1.26} 145) 40] 2100} 438 
Chloroform CHC; 3.8 ab | 0.995 | abcd | 149/145] 5.5| 2100] 42 
4.74 | B 1.001 |B | | 
3-Methyl cyclohexanol, resid. C;H;,O0 | 35 ab 1.40 | b 0.92 | 1.46 | 350.0 9.2 
t-Amy1 alcohol C;Hi20 3.3 | ab 1.204 | B | 0.81 1.40 | 180.0 6.3 
Mesityl oxide CsH10O 3.3 | ab | 1.310 | abcd | 0.85 | 1.45 | 240.0 7.9 
Bromoform CHBrs; 23 | ab 0.908 | abcd | 2.89 | 1.60 | 190.0 4.6 
0.929 |B | | 
t-Butyl chloride C,H¢C1 19 |b |0.985 | bd | 0.84 | 1.39 | | 580.0} 41 
Chlorobenzene C,H; Cl 1.7 | abcd | 1.302 |B | 1.10 | 1.52 160.0} 8.6 
Turpentine | 1.5 ‘pb | 1.285 | bd | 0.88 | 146) 14.0) 100.0) 7.4 
2-Methy1 butane C;Hy. (isopentane) | Ss | b 0.985 | bd 0.62 | 1.33 34.0 3.9 
d-Fenchone C1oH¢O 14 | eke 11.32 |b | 0.94 | 1.46 115.0} 8.2 
Ethyl ether CHO 1.4 b 0.985 | bd | 0.71 | 1.35 2.2! 36.0| 3.9 
0.55 |B | 
Dioxane C,H,0, | 1.3 | abe | 1.38 | ab | 1.03 | 1.42 | 135.0 | 8.5 
X-Tri-isopropyl benzene (Alkazene 13) C1;sHoy| 1.3 | ab 1.310 | abcd | 0.86 | 1.48 | 95.0 | 8.3 
Kerosene | 11 | abe | 1.315 | abcd | 0.81 | 1.45 770 8.0 
Methyl acetate C;H,O, 1.09 | B 1.211 | B | 0.93 | 1.36 3.8 | 69.0| 6.0 
Ethyl acetate C,H,O> 11 |b | 1.145 | bd | 0.90 | 1.37 4.2 | we! 5.4 
0.77 | B 1.187 |B | | 
Naptha (petr. dist.) 10 |5 |1.225 | bd | 0.76 | 1.42 | 53.0| 6.7 
Toluol C;Hs 0.9 | ab | 1.300 | abed | 0.86 | 1.50 5.8 64.0; 84 
0.85 | B 1.320 |B | 
Nitrobenzene CsH;NO» 09 |abd |}14909 |B | 1.20 | 1.55 | 20.0) 130.0] 11.7 
1,3-Dichloro-iso-butane C4HsCl» | 0.9 | ab 123 | ab | 1.14 | | 
Nitromethane CH;NO: 0.9 |ab | 1.335 | abe | 1.13 | 1.38 | 90.0| 75 
Ethyl alcohol C2H,O 0.9 | ab 1.150 abcd | 0.79 | 1.36 | 11.0 40.0| 54 
2Ul 
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MATERIAL am 
Methy! alcohol CH,O as 
Acetonitrile CH3CN os | 
m-Xylol CsH1o 0.78 
0.74 
Acetone C;H,O er 
X-Dichloro-X-diethyl benzene (Alkazene 25) | 
CoH i2Cle 0.60 
Formamide CH;NO 0.87 
2,5 Hexanedione Ce6H iO» 0.50 | 
Water (distilled) 0.33 | 
: Cae | 


Figures 4 and 5 give graphically the absorption 
and velocity against concentration, from zero to 
100 percent, for acetone in benzene and acetone 
in water, respectively (acetone is soluble in all 
proportions in benzene and in water). 

For the indefinite liquids turpentine, kerosene, 
naphtha, and Alkazene (13 and 25), the density 
and index of refraction were measured. 

All liquids were measured at temperatures 
between 23° and 27°C. 

A few of the liquids tested are somewhat 
unstable, slowly breaking down into other 
products, due to action of light and air. Outside 
of the indefinite liquids listed above all liquids 
were of the easily obtainable grades labeled 
reagent, C.P., practical. 

The specified 
below, of course refer to the actual samples 


accuracies of measurement, 
tested. There is good reason to believe that 
small amounts of impurities may cause appreci- 
able changes in velocity and large changes in 
absorption. It is well known that gas content in 
liquids causes variations. Figures 4 and 5 show 
considerable variations due to small percentages 
of one liquid in another. 

The velocity measurements are considered to 
be correct to } percent. As previously mentioned 
all sound velocity values are relative to the 
velocity in water, which velocity was assumed 
to be 1.5+10° where the 
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Continued. 
REF. Loss | BEAM 
VELOc. Dens. | INDEx| Visc. | Factor | Wiptn 
f v-1075 at f p n | +103 L-108 la (MM) 
1.105 | abed | 0.79 | 1.33} 5.5] 360| 48 
| 1.130 |B | 
| 1.28 ab | 0.78 | 1.35 | 50.0| 6.6 
| 1.275 | B 
| 1.325 | abd | 0.86) 150] 5.5] 600] 8.7 
| 1.328 | B 
| 1.170 | abcd | 0.79 | 1.36 3.0} 31.0|) 5.6 
1.203 |B | 
| | 
| 1.300 | abed | 1.20 | 1.54 | | 60.0| 8.8 
| | 
11.610 | bd | 1.13 | 1.44 | 100.0] 11.8 
| | } | 
| 1.400 | abed | 0.96 | 1.45 | | 50.0| 9.0 
| | | | 
abed \(1.500) | abcd | 1.00 | 1.33 10.0} 42.0 8.8 
1494 |B | | 
| 





velocity is recorded as measured at fundamental 
and third harmonic frequencies (a and c, or } 
and d) the relative velocities should be correct 
to 75 percent. Thus for water, acetone, etc., 
measured at frequencies a, b, c, d, the velocity 
values identical within 75 percent at 
frequencies 6.57 and 19.7 Me, and at 10.34 and 
31.0 Mc. In such cases it is unlikely that there 
are velocity changes greater than 75 percent, 
within the frequency range from 6 to 31 Me, 
since abrupt changes, and return to original 
value, are not expected. 

Absorption values listed are believed to be 
within a factor of 1.5 of the true values, for the 
specimens tested. At a given frequency, the 
relative absorption of liquids not widely sepa- 
rated in absorption value should be considerably 
more accurate, within 


were 


10 percent, especially 
when their velocities are also nearly the same. 
When the absorption of a given liquid was 
measured at more than one frequency the value 
of a f*? recorded is the average value. The 
indicated independence of a/f? with frequency 
is related again to possible error factor of 1.5. 


SouND BEAM DIFFRACTION ERRORS 


errors in absorption values as usually meas- 
ured are often much greater than would be 
concluded from the observation crrors involved, 
or from the reproducibility of results (for a 
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PER CENT ACETONE IN BENZENE (8Y VOLUME) 


Fic. 4. Sound absorption and velocity in mixtures of 
acetone and benzene. The large decrease in absorption 
caused by small additions of acetone to benzene indicates 
that impurities in liquids may be responsible for some of 
the disagreement of published absorption values. 


given set of conditions). Often a large source of 
error is that caused by spreading of the sound 
beam by sound diffraction. Not only does the 
sound beam spread outside of its geometrical 
boundary (the source periphery projected along 
a normal to the source) but the energy becomes 
non-uniformly distributed. In general these 
effects increase with increasing distance from 
the source, and also with decreasing ratio of 
source dimension to sound wave-length. Thus 
it cannot always be assumed that change of 
sound amplitude, pressure, or energy along the 
beam is caused only by absorption. Such an 
assumption usually leads to a high value of 
absorption, but may lead to a low value as well. 

The degree of sound beam spreading and 
distortion may be estimated by calculating the 
value of a function s which depends upon the 
smallest cross-sectional dimension of the sound 
beam (and radiator) t, the norma! distance from 
the source z, and the wave-length of the sound 
in the medium \,, (or the velocity v, and fre- 
quency f) according to 


s = (2f?/2d,)? = (22f/sv,)?. 


This s function is derived from the well-known 
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PER CENT ACETONE IN WATER (BY VOLUME) 


Fic. 5. Sound absorption and velocity in mixtures of 
acetone and water exhibit an unexpected peak at inter- 
mediate concentrations. That the loss factor L (calculated 
from absorption, velocity and density) is greatly different 
from the viscosity 7 (as ordinarily obtained) indicates the 
inadequacy of the viscous and thermal loss theory in 
explaining sound absorption here. 


Fresnel diffraction phenomena, for diffraction 
of light by a narrow infinitely long slit, by 
considering the source at an infinite distance 
from the slit (to give the effect of a radiator 
emitting plane parallel waves). The value of s 
may be interpreted as a length of spiral in 
Cornu’s spiral method of graphical solution of 
the problem, or as s=v,—v2 in the Fresnel 
integral solution. Here, v1 = (x+¢/2)(2/X,2)! where 


TABLE II. Measured absorption and velocity in mixed liquids 
compared to their components (see also Figs. 5 and 6). 














ABSORP. 
& 105 | Vezoc. | 
MATERIAL f? AT f | v-10°> | aTf 
Glycerine 26. a | 1.99 B 
Glycerine, 50 cc +water, 50 cc 0.8 ab 1.74 ab 
Water 0.3 ab (1.500) | abed 
Water +bentonite, sol (0.6) b 1.50 abe 
Water + gelatin, nonliquid | 0.7 b 1.50 ib 
Water, 50 cc +Urea, 50 g 0.3 b 1.718 | b 
Acetone 0.64 ab | 1.170 | abed 
Acetone, 100 cc+Nitrochloro-o- | 
xylene, 15 g 0.5 ab 1.180 abcd 
Toluene 1.05 ab 1.300 | abcd 
Toluene, 100 cc + Nitrodichloro-o- 
xylene, 15 g 0.86 ab 1.310 | abed 
Toluene, 100 cc+Tetrachloro-o- 
xylene, 5 g 0.92 ab | 1.300 abcd 














® See for example Drude’s Theory of Optics, translated by 
C. R. Mann and R. A. Millikan (Longmans, Green and 
Co., 1922), Chap. LV, §5. 
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x is the distance of the point of observation P 
from the center line normal to the slit. The 
sound energy flux at the point (Px, 2) within or 
near the geometrical sound beam is given in 
usual form by J=(Jo/2)(v1, v2)", where Jo is the 
uniform radiated energy and (v7, v2) is evaluated 
from a plot of Cornu’s spiral or tables of Fresnel 
integrals as usual. 

Though this manner of solution is not rigorous, 
it has considerable value in quickly estimating 
the degree to which sound beam diffraction will 
interfere with absorption measurements for a 
given set of apparatus dimensions. This is 
clarified by inspection of Fig. 6, where the energy 
ratioE=J/J and the amplitude ratio A = (J/Jo)! 
are plotted against x/(¢/2) for different values 
of s. It is seen that for s=1 there is a large 
spreading of the sound energy to regions outside 
of the geometrical beam. For s=2.45 there is 
still considerable spreading, but also an increased 
intensity in the center of the beam. As s increases, 
the energy is less spread outside the geometrical 
beam, and though there are more fluctuations 
within the beam they become smaller. For s 
very large the beam becomes uniform except 
near the edges where the well-known straight- 
edge diffraction is exhibited.* 

The lack of complete data (values of X,, ¢, 2) 
in publications giving measurements of sound 
absorption makes it impossible to estimate the 
degree of error that may have been introduced 
by the sound diffraction. However, it seems 
likely that numerous measurements may have 
been considerably effected by this cause. For 
example an absorption measurement in water at 
one megacycle using a sound radiator 2 cm wide 
and working at 53 cm from the radiator (v,=1.5 
X 10°, f=10°, t= 2, s=53) gives a value of s=1.0. 
If a sound pressure device is used for recording 
loss along the beam, the energy ratio curves E 
must be employed (for sound pressure is propor- 
tional to energy density). Now the energy 
density at or near the radiator, s>~, Fig. 6, 
is practically unity within the geometrical beam, 





* For straight-edge-diffraction (s=very large, in Fig. 7) 
S is indeterminate, but 1.=— ©, v2=v’=x(2/d,2)*. The 
radiation source and geometrical sound beam are assumed 
to be infinitely wide (t= ©) and x is now measured from 
the edge of the geometrical beam. In Fig. 7, E and A are 
plotted against x(2/d,z)!. 
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while at z=53 cm the energy density is only 
about one-half as much. Thus a pressure meas- 
uring device of dimensions less than the sound 
beam would record a 50 percent loss of sound 
energy over a 53-cm distance even in an entirely 
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Fic. 6. Because of diffraction and spreading, the ampli- 
tude and energy of sound beam vary with location x across 
the sound beam in a manner which is a function s of the 
width of the radiator ¢, the wave-length of the sound \, 
and the distance from the radiator z, according to 
s = (2£/dz)*. The above curves, plotted for different values 
of s, are useful in estimating the extent to which this 
diffraction and spreading of the beam may affect absorption 
measurements. 






































446 GERALD W. 


nonabsorbing liquid.* If this were interpreted 
as absorption loss the value of 10%a/f? would be 
6.5, a value which might well be in excess of the 
actual value at one megacycle. Further under 
the same conditions excepting that the distance 
of observation is z=9 cm, s=2.45, and with a 
pressure measuring device only one-fourth as 
wide as the geometrical sound beam, a_ 50- 
percent increase in pressure in the center of the 
beam might counterbalance the absorption or 
even give an apparent negative absorption. 

In measurements of absorption where use is 
made of the light-diffraction effects, as in this 
paper, the s curves of sound amplitude against 
location are used. Here the light transmission is 
a function of the sound amplitude and the 
distance through which the light travels at this 
amplitude. Thus the area under the sound 
amplitude curve is the determining quantity in 
the transmission effect obtained. It should be 
noted that whereas the total area under the 
complete energy curve remains constant with 
spreading, the total area under the amplitude 
curve increases with spreading. Thus for s = 3.74, 
Fig. 6, the area under the energy curve up to 
the geometrical boundaries (x= +1) is approxi- 
mately 91 percent of that for s=~x (at the 
radiator face), while the energy area within the 
boundaries of x=+1.25 is 97 percent. The 
corresponding amplitude areas are, respectively, 
93 percent and 108 percent. Now since the light 
travels through all of the spread-out sound beam 
within the cell it might be concluded that in the 
latter case the absorption value obtained would 
be too low. However, there may be a compen- 
sating factor in that when the sound beam 
becomes wider than a certain value (later 
discussed) the effectiveness is reduced below 
that normally calculable for narrow beams. 

Now, the diffraction conditions that prevailed 
in the present measurements may be estimated 
by a simple computation of the s value. In all 
cases t=0.8 cm at frequencies 6.57 Mc and 
19.7 Mc (a,c), and t=1.2 cm at 10.34 Mc and 
31.0 Mc (b,d). The greatest distance from the 
source at which absorption measurements were 

*Spreading in only the narrowest dimension of the 
sound beam is considered here. If a square or circular beam 
is used, as is often the case, the spreading in more than one 


dimension still further reduces the energy within the 
geometrical beam. 
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made was about z=5 cm (for liquids with 
10%a/f?<1.0). Thus the lowest value of s that 
prevailed was probably that for acetone. At 
frequency “a” f=6.57X10°, ¢=0.8, 2=5.0, 
ve= 1.17 X10°, and s=3.8. At frequency b, s=7,1. 
For more absorbing liquids or at high frequencies 
2 was increasingly reduced, making s larger. 

Thus it appears that the worst diffraction 
conditions may be represented by the conditions 
of Fig. 6, curve s=3.74. It is possible, then, that 
for acetone at 6.57 Mc the value of absorption 
listed in the table may be affected by diffraction. 
Similarly for other liquids listed below acetone 
in the table the absorption value may not be 
right for the a, 6.57 Me frequency. (Their 
absorption values at this frequency differed 
little from those at the b, 10.34 Mc frequency.) 
Outside of these liquids measured at the a 
frequency there should be negligible error from 
sound beam diffraction. 


OTHER ERRORS 


Another source of error is that caused by 
circulation of the liquid caused by pumping 
action of the sound radiator. Turbulence of the 
liquid causes some fluctuation of the light 
transmission. This may be considerably reduced 
by using low sound beam intensities (by working 
as close to the source as possible), and by making 
the reading quickly after the sound beam 
intensity is raised to the necessary value. 

A curious effect of circulation is noted in 
liquids of high viscosity like glycerine. Here 
circulation stops almost immediately upon 
stopping the radiation. When the radiation is 
suddenly started a wave-front-like — striation 
appears at the radiator face and moves away 
from it with the slow speed of liquid circulation. 
Upon stopping the sound radiation this striation 
immediately stops moving, and only slowly 
dissipates. This effect is caused by local heating 
of the liquid adjacent to the radiator, this layer 
of liquid becoming sufficiently heated, before 
circulation sets in, to change its index of refrac- 
tion. Liquids of much lower viscosity do not 
show this effect. 


DISCUSSION OF RESULTS 


Sound amplitude absorption per centimeter, 
as commonly calculated from viscous and 
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ULTRASONIC ABSORPTION 





thermal losses,® is given by 


81" f? (k—1) 
a= |n+3 K| 
3 pv? 


where: f, is frequency; p, density; v, velocity; 
n, viscosity ; k, ratio of specific heats; C,, 
specific heat at constant pressure; and K, 
thermal conductivity. The term in parenthesis 
[n+3(k—1)K/C>] is here called the loss factor 
L. This loss factor is listed in Table I and is 
calculated from data listed in the table by 


3 a 





Now, since in transparent liquids the viscosity 
factor 7 is quite generally large compared to the 
thermal factor 3(k—1)K/C,, the loss factor L 
should agree with known viscosity values 7, 
(also listed in the table). That L is greater than 
n by factors as large as 1000 : 1 further demon- 
strates the known inadequacy of the theory. 
There seems to be no correlation whatsoever 
even from one liquid to another. Besides the 
commonly proposed reasons for this discrepancy,’ 
it seems likely that the value of viscosity as 
ordinarily measured might differ widely from 
that which would be effective in high frequency 
compressional waves. 

It seems quite likely that the true normal loss 
factor L will be proportional to p, v* and 1/f?, 
and that any differences from this will represent 
anomalies occurring within certain narrow (sev- 
eral octave) frequency ranges. Such anomalies 
would result from molecular relaxation or 
resonance phenomena as in gases. It was at first 
believed that independence of velocity and 
frequency, here found, showed the absence of 
anomalous absorption over the present 6 to 
30 Mc frequency range. However, it appears 
that the errors here prevailing (one-tenth 
percent) do not preclude this possibility.® 

Of some interest are the measurements of 
Table II where solids were dissolved in liquids. 
Outstanding is the case of equal portions by 
weight of water and urea. Here the velocity 





* Reference 1, p. 134. 
i See for example, H. O. Kneser, ‘Sound absorption and 
dispersion in liquids,” Ann. d. Physik [5] 32, 277-289. 
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~ 


was found to be one-seventh higher than in 
water but the absorption immeasurably changed 
(though the loss factor L is increased 50 percent, 
caused by greater density and velocity. Re- 
garding gelatin in water (nonliquid), the obvious 
stiffness of the jell does not, of course, require 
that the compressibility be changed. In fact, it 
remained exactly the same, as measured by the 
velocity. This would be expected from the small 
proportion of gelatin that is used to obtain a jell. 
Continuity of the sound beam passing through 
the jell with a wedge cut out and replaced with 
water, optically observed, showed the practical 
equality of velocity, density, and index of 
refraction. 

The reason for the peculiar variation of 
absorption and velocity with concentration of 
acetone in water, Fig. 5, is not apparent. The 
absorption might be expected to peak anoma- 
lously with varying concentration, as _ with 
frequency as described above. However, this 
effect would not call for a value of velocity 
falling outside of the two end-point velocities. 
It would be interesting to know if the absorption 
peak shifts with frequency.* 

It seems useful in concluding to point out 
another factor which will be of some aid to 
future experimentation with the ultrasonic light- 
diffraction phenomena. This regards the allow- 
able sound beam width f,, measured in the 
direction of the light passage. For sufficiently 
narrow sound beams the curve of transmission 
against sound amplitude (or driving voltage) is 
of the type shown in Fig. 2, for a slit-slit system, 
or inverted with a bar-slit system. That is, the 
amount of light in the zero-order spectrum is 
given by the zero-order Bessel’s function of the 
amplitude of optical phase retardation p through 
the sound beam,? T=J,2(2rp). The phase 
retardation p is a function of the wave-length 
of light in the medium, \,, the width of sound 
beam ?t, the index of refraction mn, and the 
amplitude of index variation An, according to 
p=nAnx_t. Since An increases with the sound 


* Professor Karl F. Herzfeld, of Catholic University, 
suggested at the 234th meeting of the American Physical 
Society that for mixed liquids which exhibit volume 
change on mixing, as with acetone and water, additional 
absorption of sound may be caused by one component 
being pumped through the other. 

® Reference 1, p. 77. 





448 


160 















| 


4MM SOUND BEAM 


@ 
° 


IN WATER AT 10 MC 
WHITE LIGHT 


RELATIVE LIGHT TRANSMISSION 
a 
°o 


1 
| 

_ | 
| 








) 40 80 120 160 200 
VOLTAGE ON QUARTZ RADIATOR (APPROXIMATE PEAK VOLTS) 


Fic. 7. The effect of sound beam width (in the direction 
of the light rays) upon the light transmission curves is 
shown here. These curves are inverted from those of Fig. 2 
because they were obtained with a narrow bar in place of 
slit S. of Fig. 1. The curve for the 4-mm beam is typical 
for white light and sufficiently narrow sound beams. The 
curve for the 18-mm beam is distorted due to light rays 
traveling through so much sound beam as to pass through 
regions of opposite phase. 


amplitude, a given transmission effect (say first 
zero transmission of curves in Fig. 2, where 
p=0.38) may be obtained with less sound 
amplitude if the width of sound beam is in- 
creased. It may also be obtained with less total 
power with increasing beam width. In both 
these cases this holds only up to a certain beam 
width. When the beam width (for a given value 
of p) is increased too far the light rays passing 
through the sound beam begin to cross one 
another so that finally a given light ray passes 
through regions which are considerably out of 
phase. This complicates calculation of effects. 
Practically, it results in distorted transmission 
characteristics as shown in Fig. 7, and there is 
no longer a reduction in required amplitude or 
power. 

An estimate of the allowable sound beam width 
is made on the basis of the Lucas and Biquard 
formulae’® for the thickness of sound beam which 
will allow the light rays to just cut one another 
for the first time: fg=(1.57/27)\,(n/An)*. Sub- 
stituting for An its value from p=nAnyXzt, and 


10 Reference 1, p. 80. 
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for \,=f/v, we have 
ta = (n?/16ALp)A2 = (n?/16A 1p) (v/f)?. 


In Table I the values of ¢. are calculated 
for p=0.38, 4, =0.75u, f=10' cycles: t,=0.22 
X10-1°n*v?. Thus in water, at 10 megacycles, 
the sound beam may be 8.8 mm wide without 
causing crossing of the red light rays, and with 
the sound intensity necessary to obtain the first 
zero transmission. For shorter wave-lengths of 
light or smaller sound intensities this crossover 
is less closely approached. Fig. 7 shows experi- 
mentally the effect on the transmission curve 
of using 4-, 10- and 18-mm sound beam widths 
(using a bar-slit system and white light). The 
narrow sound beam gives the normal type of 
curve for white light.** On the other hand, the 
wide sound beam, which is twice the above 
calculated 8.8 mm, then is very definitely 
distorted with a peak and dip. Further, calcu- 
lation of the relative required power (voltage 
squared times the width) for a given transmission 
(say 80 units, in the figure) shows that the 
18-mm sound beam requires very little less 
power than the 10-mm beam. Powers for 18 
mm, 10 mm, and 4 mm are in the ratio of 
O12 +26. 

It may be added that all measurements at 
frequencies @ and c were made with a sound 
beam width of 12 mm, and at bd and d, 8 mm. 
Obviously at frequencies c and d the sound 
beams were too wide to obtain the simple type 
of calculable transmission shown in Figs. 2 and 3. 
However, by the manner of measurement here 
used, the shape of the curve is not important so 
long as definite color effects are observable. 
Absence of absorption measurements at the 
higher frequencies is caused largely by this lack 
of good color effects. The exploratory nature of 
the undertaking did not seem to _ warrant 
making beam width adjustment and further 
measurement. 

** With white light the transmission gradually ap- 
proaches a maximum value (about 90 percent of full 


transmission) instead of giving the oscillating values found 
with monochromatic light. 
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Errata 


Errata: The Absorption of Sound in CO:, N.O, 
COS, and CS., Containing 
Added Impurities 


(J. Acous. Soc. Am. 12, 255-259 (1940)) 


V. O. KNUDSEN AND E. FRICKE 
University of California, Los Angeles, California 
November 12, 1940 


IG. 2, p. 256. The ordinates should be 0.2, 0.4, 0.6, 0.8, 
instead of 2, 4, 6, 8. 
Equation near middle of p. 258 should read: 


Rio? 


Mat+Mp. 4 San\ /datda\? — 
(2nk1 — (14—2)( is 
MaMp T)\ 2 








Corrigenda: Further Applications of Our Direct- 
Reading Pitch and Intensity Recorder 


(J. Acous. Soc. Am. 12, 188 (1940)) 


Joi1cut OBATA 
Physics Department Aeronautical Research Institute, 
Tokyo Imperial University 
AND 
RyOjt KopaYAsHt 
Japan Wireless Telegraph and Telephone Company, Lid., Tokyo, Japan 
September 24, 1940 


Page Column Line For Read 
189 Left 17 soprana soprano 
190 Right 8 in is 
191 (Table I) 4 (31) (35) 
191 (Table 1) + (1.18) (1.24) 
191 (Table 1) t (7.3) (7.4) 
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Acoustical Society News 


Future Meetings 


The Acoustical Society will hold a joint meeting with the 
Society of Motion Picture Engineers in Rochester, New 
York, on May 5, 6 and 7, 1941. Preliminary plans for 
the program include a Symposium on Stereophonic Record- 
ing and a demonstration by the Bell Telephone Laboratories 
of their three-channel stereophonic recording on film. 
There will also be a Symposium on Hearing with demon- 
strations by Professor E. A. Color of the University of 
Rochester. Mr. Benjamin Olney is chairman of the Program 
Committee and abstracts of papers for this meeting should 
be sent directly to him, care of Stromberg Carlson Tele- 
phone Manufacturing Company, Rochester, New York. 

The Fall Meeting will be held in New York in October, 
1941, and will be a joint meeting with all of the member 
societies of the American Institute of Physics. 


New Members 


Richard Leland Brown, 

6-306 M.I.T., 

Cambridge, Massachusetts, 

Teaching Fellow, Massachusetts Institute of Technology. 


Earl A. Graham, 

United States Testing Company, Inc., 
175 Fifth Avenue, 

New York, N. Y., 


Manager, Engineering and Research Division. 


Walter Henry Powers, 
Walker Manufacturing Co., 
633 Hupp Ave., 

Jackson, Michigan, 
Acoustical engineer. 


Samuel Clarence Taylor, Jr., 
101 East Bay Street, 
Jacksonville, Florida, 

Real estate. 


Robert Sydney Gales, 

1015 Lantana Drive, 

Los Angeles, California, 

Graduate teaching assistant, Physics Department, Uni- 
versity of California at Los Angeles. 


Richard Henry Frick, 

5723 Harold Way, 

Los Angeles, California, 
Graduate student in Physics. 


Paul Edward Griffith, 

Room E-3, East Hall, 

Iowa City, Iowa, 

Electrical technician, Department of 
versity of Iowa. 


Psychology, Uni- 


Harold Paul Knauss, 

Mendenhall Laboratory, Ohio State University, 
Columbus, Ohio, 

Assistant Professor of Physics, Ohio State University. 


Robert Henry Roethlisberger, 

41 Tower Road, 

East Hartford, Connecticut, 

Test engineer, Hamilton Standard Propellers. 


Francis Bradford Smith, 

1224 W. Jarvis Avenue, 

Chicago, Illinois, 

Acoustical engineer, Zenith Radio Corp., 
6001 W. Dickens, Chicago, Illinois. 


Donald Maurice Stahl, 
The Hoover Company, 
North Canton, Ohio, 
Physicist. 


Cecil Kingsley Stedman, 

Purdue University, Physics Department, 
Lafayette, Indiana, 

Assistant Professor of Physics. 


Aaron Solomon Soltes, 
596 Riverside Drive, 
New York, New York. 


Dudley Watson Day, 

Acoustic Division, Burgess Battery Co., 
500 West Huron St., Chicago, Illinois, 
Sales manager. 
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Current Publications on Acoustics 


Book Reviews 


Sound. E. G. RicHARpDson. Third Edition. Pp. 331. 
Edward Arnold and Company. Price $5.25. 


This third edition of Richardson’s well-known textbook 
differs from the previous editions by the inclusion of 
additional material on acoustical impedance, supersonics, 
and sound reproduction, as well as in the detailed amplifi- 
cation of other portions of the book. 


Sound Transmission in Buildings. R. FirzMAuRICE AND 
Witt1AM ALLEN. Pp. 48. His Majesty’s Stationery Office, 
London. Price $1.20. 

This book contains a short discussion of the nature and 
transmission of sound through buildings, but its principal 
value consists in a large number of detailed drawings for 
practical constructions which will secure insulation against 
air-borne sound or impact sounds. These details show wall 
and floor constructions, as well as windows and doors, and 
give complete designs for apartments, hospitals, and 
office buildings. 


The Psychology of Music. Max ScHoen. The Ronald 
Press Company, New York, 1940. Price $3.25. 

Here is a comprehensive but well-digested and critical 
review of the contributions of experimental psychology 
toward a scientific approach to music and musical educa- 
tion. It is written by a competent psychologist from the 
point of view of music. It is interpretive yet relatively 
free from controversy, avoiding the ultratechnical and 
ignoring what at present may seem scientifically unsound 
in procedure. It is practical and readable both from the 
point of view of style and content and will appeal to the 
musical profession, to educators, and to scientific readers 
in general. It will serve as an elementary textbook. Readers 
of this book will, however, miss adequate reference to the 
field of acoustics. 

CarL E. SEASHORE 
State University of Iowa 


Vowel Sounds in Poetry: Their Music and Tone Colour’ 
M. M. Macpermotr. Psyche Monographs: No. 13. Pp 


148. Kegan Paul, Trench, Trubner & Co., Ltd. London 
1940. 


This book will be of more interest to the phonetician 
than to the acoustician since it contains nothing new 
about the structure of vocal sounds. It deals with phonetic 
analyses of verse in terms of standard British English 
pronunciation. 

Three main theories are advanced. (1) Good verse is 
characterized by vowel sequences which harmonize with 
the thought or emotional content. ‘‘What is claimed here 
is, simply, that, although a number of sounds seem to 
suggest almost equally well the same emotion, and although 
the same sound in different textures may suggest different 
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emotions, yet, on the whole, every sound has a more 
natural affinity with one emotion or one group of emotions 
than with any other, and that most poets, whether de- 
liberately or not, avail themselves of these latent affinities, 
and that they do this, not so much by translating each 
concept into an imitative word, as by making the general 
effect of the dominant consonants and vowels within a 
unit suggest the meaning of the whole unit” (p. 16). 
(2) There are parallel continua of vowels and emotions. 
All English stressed and unstressed vowels are ordered 
from back to front vowels (pp. 22, 23), and the simple 
vowels are arranged in a pitch scale, back vowels being 
low pitched and front vowels high pitched (p. 54). There 
is a corresponding gamut of emotions and concepts 
ranging from ‘sorrow involving struggle and at least 
approaching tragedy”’ to “aspiration; exaltation” (pp. 
89, 90). (3) Some outwardly apparent anomalies in vowel 
sequences can be accounted for on a basis of vowel har- 
mony. Certain vowels, [A, 9, 3:, a, 2], called ‘common 
vowels” can appear indifferently in high or low sequences. 
Furthermore, [u:, u] may sometimes occur in sequences 
of high vowels and [i:, i] in sequences of low vowels 
without disturbing the general effect. After examining the 
work of Paget, Miller and Crandall the author arrived at 
the conclusion that the ‘‘common vowels”’ fit into either 
high or low sequences because in either sequence they 
will have one formant which harmonizes with the dominant 
formant of the sequence. Likewise, [i:, i] and [u:, u] 
harmonize by virtue of their common low formant. 

In addition to the phonetic analyses the author presents 
an interesting system for assigning numerical values to the 
“relative strengths’”’ of vowels on the basis of stress and 
vowel length. Tables of disyllables, trisyllables and 
polysyllables are given (pp. 40-42). 

Analyses of several poems are given in tabular form in 
the last chapter. 

J. M. Cowan 
State University of Iowa 


The Musical Ear. LL. S. LLoyp, Pp. 87, Figs. 25, 1422 
cm. Oxford University Press, New York, 1940. Price $1.50. 

The avowed purpose of the collection of seven essays is 
to introduce to the musician certain aspects of acoustics 
and hearing, each of which bears on some subject of 
musical interest. Although the book is addressed primarily 
to the musician, the physicist who would deal with the 
art of music would do well to consider the arguments, 
starting in the first essay entitled “Intonation,” aimed 
against the idea of a rigid mathematical ‘‘scale’’ devoid of 
any connection with the musical ear or the history of 
musical practice. 

As in previous works, the author has leaned heavily 
upon the authority of Helmholtz, and under the heading 
of ‘‘Hermann Von Helmholtz,” he offers tribute to the 
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“giant of scientific history.”’ The latter’s great contribution 
to the physiological basis of music is contrasted to the then 
prevalent theory of harmony which purported to give a 
physical basis to the rules of figured bass. The only essay 
devoted to the physical production of sound is the fourth, 
being entitled ‘The sounds of church bells.’’ This section 
is noteworthy for its simple explanation and illustrations 
of the various modes of vibration of the church bell. 

The need for a clear distinction between the physical 
stimulus and the perceptual effect on the brain is em- 
phasized in “The notes of the harmonic series.’’ Rela- 
tions of exactly tuned concords to ratios of the harmonic 
series are very briefly described but the reader is warned 
that “‘the idea of the arithmetical derivation of the scale 
is fundamentally false.’’ The sixth essay of the series, 
“The sounds of distant music,’’ offers an easy-to-read 
résumé of the transmission of sounds in air, with illus- 
trations showing how music may be affected thereby. In 
the concluding essay, ‘‘The scale and the musical ear,” 
the author sums up his argument for a flexible scale not 
limited to those sounds which may be obtained from the 
usual keyboard instrument. When it is stated without 
experimental proof that a string quartet will ‘“‘approximate 
to the pure scale’”’ (p. 74), one suspects the writer himself 


of having been touched slightly by the ‘fatal fascination” 
for just intonation against which he cautioned his readers 
in the first essay. Thought-provoking questions are jp. 
troduced concerning the aural perception of the equal 
temperament of the piano. 

Throughout the essays the word tone is used to refer to 
the mental picture, although the explanation of the usage 
is reserved for the Appendix. Such a distinction is cor. 
tainly in order, although unfortunately the word tone js 
rather commonly employed to describe the physical 
stimulus. At any rate this calls attention to our lack of 
accepted and adequate terms by which to express ideas 
relating to musical sound. 

Whereas the previous works of the author have con- 
sidered the physical production of sounds, The Musica] 
Ear is devoted to the aural perception and its relation to 
the theory of music. The musician will find it quite 
readable. Furthermore, the book is recommended to the 
consideration of all who are interested in bridging the gap 
which still exists between the science of vibratory motion 
and the practice of music. 

ROBERT W. YOUNG 
C. G. Conn, Ltd., Elkhart, Indiana. 
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References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated. 
Abstracts in English of many foreign papers have appeared or soon will appear in Science 
Abstracts, Section A. Where references are made to Science Abstracts, the reference is to the volume 
number and abstract number. The abbreviations of the names of journals are those used in Science 
Abstracts and can be found in any annual index to those abstracts. 
The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal issued in November, 1939. This same Classification 
of Subjects can be found in the index to Volume 11. 


Compiled with the generous assistance of Samuel Sass, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL ACOUSTICS 


2.1 Acoustic Study of Rooms Using Models. A. GIGLI. 
Ingegnere, 13, 38-44 (Jan. 1939). Sci. Abs. B42, 
2034 (1939). 

2.1 On Experimental Investigation of Acoustic Feed- 
back in a Closed Room. G. M. SUHAREVskY. 
Comptes Rendus (Doklady) de I’Acad. des Sciences, 
U.S.S. R. 26, 638-643 (1940). (In English.) 

2.4 Messung von Schallschluckstoffen und deren Ver- 
wendung zur Dampfung von Rohren. (Measurement 
of Sound Absorbing Materials and Their Application 
to the Damping of Ducts.) JAN HARMANs. Akustiche 
Zeits. 5, 215-230 (July, 1940). 

2.4 The Damping of Sound in a Room with Solid Walls 
and the Diffraction Coefficient of Sound Absorption. 
B. KoNsTANTINOV. J. Techn. Physics, U. S.S. R. 9, 


424-432 (1939). (In Russian.) Sci. Abs. B43, 190 
(1940). 

2.4 Die messung winkelabhangiger Schallschluckung in 

einer zweidimensionalen Hallkammer. (The Meas- 

urement of the Angular Dependence of Sound Ab- 
sorption in a Two-Dimensional Chamber.) HEr- 

MANN NEUBERT. Akustiche Zeits. 5, 189-201 (July, 

1940). 

Absorption of an Audience and Indoor Acoustics. 

A. Giext. Alta Frequenza 9, 103-107 (Feb. 1940). 

Sci. Abs. B43, 1124 (1940). 

2.7 Effective Values of Reverberation. A. Kostzav. J. 
Techn. Physics, U. S. S. R. 9, 919-929 (1939). (In 
Russian.) Sci. Abs. B43, 191 (1940). 

2.9 Insulating Air Ducts Against Heat Loss and Noise. 
Sheet Metal Worker 31, 36-38 (June, 1940). 
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2.9 Sound Transmission in Buildings. Practical Notes 
for Architects and Builders. R. FITZMAURICE AND 
WittiAM ALLEN. N. Y., British Library of Informa- 
tion (1939). (Reviewed in Nature 146, 417 (Sept. 
28, 1940).) 

2.9 Messung von Schallschluckstoffen und deren Ver- 
wendung zur Dampfung von Rohren. (Measurement 
of Sound Absorbing Materials and Their Application 
to the Damping of Ducts.) Jan HAarmans. Akustiche 
Zeits. 5, 215-230 (July, 1940). 

2.9 Attenuation of Sound in Ducts of Commercial Size. 
R. B. STEFFENS AND W. T. Younc. Heating-Piping 
12, 567-572 (Sept. 1940). 

2.10 Sound Deafening Masking through Air and Parti- 
tions. Methods and Apparatus of Measurement. 
W. Bauscu. A. T. M. No. 9954, T117-T118 (Sept. 
1939). Sci. Abs. B43, 1125 (1940). 

2.11 The Isolation of Vibration and Noise from Engineer- 
ing Plant and Equipment. H. C. GREEN. Junior Inst. 
Eng., J. 49, 406, 425 (June, 1939). Sci. Abs. B42, 2045 
(1939). 

2.11 The Theory of Flexible Mountings for Internal- 
Combustion Engines. C. E. ILirre. J. Inst. Auto. 
Eng. 8, 77-107 (Dec. 1939). Sci. Abs. B43, 192 (1940). 

2.11 Neoprene as a Spring Material. F. L. YERZLEY. 
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4.1 Onthe Cochlear Potentials in Man. Bull. Biol. Méd. 


Exp. U. S. S. R. 6, 495-496.—20 (1938). A. M. 
ANDREEV. Psych. Abs. 14, 456, No. 4401 (Sept. 
1940). 


4.1 On the Frequency of Alternating Current and the 


CONTEMPORARY 


Pitch of the Tone during Electrical Stimulation on 








PAPERS ON ACOUSTICS 453 
the Auditory Apparatus. Techn. Physics U.S. S. R., 
5, 447-462 (1938). A. ARAPOVA AND G. GERSUNI. 
Psych. Abs. 14, 455 No. 4402 (Sept. 1940) 

4.1 Effect of Noises of Warfare on the Ear. T.S. LITTLer. 
Nature 146, 217-219 (Aug. 17, 1940). 

4.1 A Further Investigation of the Development of 
Hearing in the Opossum. Epwarp McCrapy, 
ERNEST GLEN WEVER AND CHARLES W. Bray. J. 
Comparative Psychology 30, 17 (1940). 

4.1 The Physiology of the Ear in Relation to Talking 
Pictures. A. F. RAwpon-Smitu. E. Television 
Short-Wave World. 13, 190-191 (Apr. 1940). 

4.1 Measurements of the Directional Properties of the 
Ear Carried Out with a Dummy. L. D. RosENBERG 
AND A. B. SLAvinskKy. Comptes Rendus (Doklady) 
de l’Acad. des Sciences, U. S. S. R. 26, 578-580 
(1940). (In English.) 

4.1 The Electrical Responses of the Ear. ERNEst GLEN 
WEVER. Psych. Bull. 36, 143 (Mar. 1939). 

4.3 The Role of Head Movements and Vestibular and 
Visual Cues in Sound Localization. HANs WALLACH. 
J. Exp. Psych. 27, 339-367 (Oct. 1940). 

4.4 Partial Deafness and Hearing-Aid Design. W. B. 
BEASLEY. J. Soc. Mot. Pict. Eng. 35, 59-85 (July, 
1940). 

4.4 OnImproving of Defective Hearing. K. p—E BoER AND 
R. VERMEULEN. Philips Techn. Rev. 4, 316-319 
(Nov. 1939). 

4.5 Receiver (Telephone or Deaf-Aid) Testing with an 
“ Artificial Ear.” S. BALLANTINE. Electronics 13, No. 
6, 34-35 (June, 1940). 

4.5 Partial Deafness and Hearing-Aid Design. W. B. 
BEASLEY. J. Soc. Mot. Pict. Eng. 35, 59-85 (July, 
1940). 

4.5 Miniature Tubes in Wearable Hearing Aid. L. M. 
DEZETTEL. Popular Mech. 74, 776--777 (Nov. 1940). 

4.5 Amplifying Power of Ear Trumpets. Y. Rocarp. 
Rev. Sci., Paris 78, 146-148 (Mar. 1940). Sci. Abs. 
A43, 2197 (1940). 

4.5 Selective Amplification in Hearing Aids. N. A. Wart- 
SON AND V. O. KNupDsEN. Acous. Soc. of America, 
J. 11, 406-419 (Apr. 1940). 

4.6 Versuche iiber die Hérbarkeit von einfachen und 
modulierton Ténen unter Beriicksichtigung des 
Persénlichkeitstypus. (Experiments on the Audi- 
bility of Simple and Modulated Tones with Regard 
to Personality Type.) Untersuch. Psychol. Phil. 13, 

No. 4, 41 (1938). R. M. 2.50. H. BREHENS. Psych. 
Abs. 14, 512, No. 4887 (Oct. 1940). 

4.6 Results of the World’s Fair Hearing Tests. J. C. 
STEINBERG, H. C. MONTGOMERY AND M. B. Garp- 
NER. Bell System Techn. J. 19, 533-562 (Oct. 1940). 

4.10 The Origin of Combination Tones. ERNEsT GLEN 

WEVER, CHARLES W. BRAY AND MERLE LAWRENCE. 

J. Exp. Psych. 27, 217 (Sept. 1940). 


5. ApptieD Acoustics, INSTRUMENTS AND APPARATUS 


5.1 Quantitative Laboratory Demonstrations in Sound. 
Winturop R. Wricut. Am. J. Phys. 8, 255-258 
(Aug. 1940). 





454 


5.4 


5.4 


un 
~ 


wn 
ie) 


5.8 


5.8 


5.15 


REFERENCES TO 
A Method of Rapid Frequency Analysis. M. Lo- 
BAYASHI, T. HAYASHI AND K. Kosek1. Electrot. J. 
(Tokyo) 3, 251-253 (Nov. 1939). Sci. Abs. B43, 193 
(1940). 

An Acoustic Spectroscope. J. F. ScHouTeN. Philips 
Techn. Rev. 4, 290-301 (Oct. 1939). 

Further Applications of Our Direct-Reading Pitch 
and Intensity Recorder. J. OBATA AND R. Ko- 
BAYASHI. Phys. Math. Soc. Japan, Proc. 22, 691-— 
704 (Aug. 1940). 

The International Standard of Musical Pitch. E. G. 
RICHARDSON. Roy. Soc. Arts, J. 88, 851-859 (Sept. 
1940). 

An Interpolation Method for Setting Laboratory 
Oscillation. F. R. STANSEL. Bell Lab. Record 19, 
98-102 (Nov. 1940). 

New Type of ‘Accordion Edge’? Loudspeaker Cone 
Increases Lower Reproduction Range by at Least 
One Octave.—RCA Electronics 13, 106 (June, 1940). 
(Paragraph & Photograph only.) 

Biconical Electromagnetic Horns. \V. L. BARRow, 
L. J. Cou AND J. J. JANSEN. I. R. E., Proc. 27, 769- 
779 (Dec. 1939). 

Design of a 27-inch Loudspeaker. hk. T. 
Electronics 12, 22—24 (June, 1940). 

Das Schallfeld in einem Kegelhorn unter verschie- 
denen anregungsbedingungen. (The Sound Field in 
a Conical Horn under Different Conditions of Driv- 
ing.) HERBERT Bucuuowz. Akustiche Zeits. 5, 169- 
189 (July, 1940). 

The Efficiency of Loud-Speakers. J. DE 
Philips Techn. Rev. 4, 301-308 (Oct. 1939). 
Effect of a Back Chamber to a Clamped Circular 
Plate. T. HAyASAKA. English abstract in Nippon. 
Elect. Comm. Eng., No. 18, 121 (Oct. 1939). 
Mutual Acoustic Impedance in Multiple-Speaker 
Systems. H. S. Know tes. I. R. E., Proc. 28, 283 
(June, 1940). 

Acoustic Line Loud-Speakers. WW. D. 
Electronics 13, 30-33 (March, 1940). 

The Relationship between the Power-Output Stage 
and the Loudspeaker. E. L. Smitu. A. W. A. Techn. 
Rev. 4, 199-223 (1939). Sci. Abs. B43, 1129 (1940). 
Heavy-Water Rochelle-Salt Crystals. Bell Lab. 
Record 18, 368 (Aug. 1940). 

Electrodynamic Moving-Coil Microphones. Alta 
Frequenza 9, 184-186 (Mar. 1940). (In Italian.) 
Wireless Engineer 17, Abs. 3445 (1940). 

Six-Way Directional Microphone. W. R. Harry. 
Bell Lab. Record. 19, 10-15 (Sept. 1940). 


Bozak. 


Boer. 


PHELPS. 


3 On Experimental Investigation of Acoustic Feed- 


back in a Closed Room. G. M. SUHAREVsky. Comp- 
tes Rendus (Doklady) de l’Acad. des Sciences, 
U.S. S. R. 26, 638-643 (1940). (In English.) 

Sound Radiometer of Resonance Type. T. HAYASHI. 
E. T. J. 4, 32-35 (Feb. 1940). Sci. Abs. B43, 1128 
(1940). 

Wattmetri per frequenze acustiche. (Wattmeters for 
Acoustical Frequencies.) A. PINCIROLI AND G. 
FRANCINI. Alta Frequenza 9, 324-338 (1940). 


CONTEMPORARY 


a be 


5.16 


.16 


on 
— 


wn 
— 
~ 


un 
a 
~ 


A 


on 
~I 


vi 
— 
So 


a 


uw 
— 


on 
uw 
—= 


6.1 


PAPERS ON ACOUSTICS 

An Acoustic Spectroscope. J. F. SCHOUTEN. Philips 
Techn. Rev. 4, 290-301 (Oct. 1939). 

A New Film Gramophone. E. 
Wave World 13, 349 (Aug. 1940). 
Photoelectric Gramophone Pick-up. Philco. Com. 
munications 20, No. 7, 13-14 (July, 1940). 
Photoelectric Tape Recording. Electronics 13, No, 5, 
16-18 (May, 1940). 

Titanium Compounds as Fillers in Resin Moulding 
Compositions: Reduced Surface Noise and Increaseq 
Life of Gramophone Records.— RCA Wireless World 
46, 364 (Aug. 1940). 

Some Problems of Disk Recording. S. J. Brecuy. 
I. R. E., Proc. 28, 389-398 (Sept. 1940). 

A New Recording Machine Combining Disk Re- 
cording and Magnetic Recording with Short Refer- 
ence to the Present Status of Each. S. J. Becuy 
J. Soc. Mot. Pict. Eng. 35, 507, 521 (Nov. 1940), 
Frequency Characteristics of Film-Recorded Sound. 
R. H. Cricxs. E. Television Short-Wave World. 
13, 293-296 (July, 1940). 

Volume Range of Sound-On-Film Recording. R. H, 
Cricks. E. Television Short-Wave World. 13, 
245-249 (June, 1940). 

Audition Demonstration. R. A. CusHMAN. Bell Lab. 
Record 18, 273-277 (May, 1940). 

New Electrical Reproduction Apparatus Applicable 
to Electro-Acoustics and Radio Transmission of 
Music. G. GIULIETTI. Elettrotecnica 27, 217-218 
(May 10, 1940). Sci. Abs. B43, 1759 (1940). 
Universal Phonograph Reproducer. H. A. HENNING. 
Bell Lab. Record 19, 57-61 (Oct. 1940). 
Disc-Cutting Problems. C. J. LE BEL. Electronics 
12, 17-19 (Dec. 1939). 

Recent Improvements in Recording. C. J. Le Bet. 
Electronics 13, 33-35 (Sept. 1940) (Part 1). 

Sound on Film: Photographic Methods of Recording. 
R. F. E. MILLer. Wireless World 46, 386-388 (Sept. 
1940). 


Television Short- 


7 Receiver (Telephone or Deaf-Aid) Testing with an 


“Artific'al Ear.’”? S. BALLANTINE. Electronics 13, 
No. 6, 34-35 (June, 1940). 


7 A Loudspeaking Telephone System. A. HERCKMANs. 


Bell Lab. Record 18, 369-373 (Aug. 1940). 
Determination of Efficiency of Resonance Tele- 
phones. H. Mrass. Ann. d. Physik [5], 37, 291- 
302 (Apr. 12, 1940). 

Tuning Fork Stabilization. E. NorrMAN. Electronics 
13, 15-17 (Jan. 1940). 

Problemi di Acustica. Alta Frequenza 9, 255-256 
(Apr. 1940). 

Acoustics in Studios. M. RettinGer. I. R. E., Proc. 
28, 296-298 (July, 1940). 


6. MusicAL INSTRUMENTS AND MusIc 


The Myth of Equal Temperament. Li. S. Lioyp. 
Music and Letters 21, 347-361 (Oct. 1940). 

The Place of “Hearing” in Theory about Music. 
LLEWELYN S. Lioyp. Proc. Musical Assoc. 66th 
Session. 33-52 (1940). 
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REFERENCES TO 
The International Standard of Musical Pitch. E. G. 
RICHARDSON. Roy. Soc. Arts, J. 88, 851-859 (Sept. 
1940). 

Revision of the Seashore Measures of Musical 
Talent. JosePpH G. SAETVEIT, DoN LEWis AND CARL 
E. SEASHORE. Univ. of Iowa Studies, No. 65 (Oct. 
1940). 

Some Notes on End-Corrections. L. C. TyTe. Phil. 
Mag. 30, 173-184 (Sept. 1940). 

Electronic Music. N. I. DANIEL. Communications 
20, No. 7, 26-30 (July, 1940). 

The Novachord. F. D. MERRILL, JR. Electronics 12, 
16-19 and 92-93 (Nov. 1939). 

The Production and Analysis of Tone by Electrical 
Means. E. G. RICHARDSON. Proc. Musical Assoc. 
66th Session, 53-68 (1940). 


7. NOISE 


The Computation of the Composite Noise Resulting 
from Random Variable Sources. E. DiETzE AND W. 
D. GooDALeE, JR. Bell System Techn. J. 18, 605-623 
(Oct. 1939). 

An Experimental Investigation of the Characteristics 
of Certain Types of Noise. K. G. Jansxy. I. R. E., 
Proc. 27, 763-768 (Dec. 1939). 

Noise Analysis. A New Laboratory for Noise In- 
vestigation. C. A. MAson. B. T. H. Act. 15, 205; 211 
(Nov.—Dec. 1939). Sci. Abs. B43, 374 (1940). 
Measurements of Noise and Vibration. H. H. Scorr. 
I. R. E., Proc. 28, 284-285 (June, 1940). 

Campaign Against Noise! N. D. Stone. Bankers 
Mo. 57, 461-462 (Aug. 1940). 

Generator Housed to Reduce 3600-r.p.m. Noise. 
El. World 113, 2046-48 (June 29, 1940). 

The Isolation of Vibration and Noise from Engineer- 
ing Plant and Equipment. H. C. GRreEEN. Junior 
Inst. Eng., J. 49, 406-425 (June, 1939). Sci. Abs. 
B42, 2045 (1939). 

Measurements of the Noise from Aerofoils and 
Streamline Wires. W.F.H1_ton. London Phil. Mag. 
& Jour. of Science [7], 30, 237-246 (Sept. 1940). 
Harmonic Theory of Noise in Induction Motors. 
W. J. Morrie. Trans, A. I. E. E. 59, 474480 
(Aug. 1940). Sci. Abs. B43, 1846 (1940). 

Methods of Rating the Noise from Air Conditioning 
Equipment. J. S. PARKINSON. Heating-Piping 12, 
447-450 (July, 1940). 


9, SPEECH AND SINGING 


Photographing the Vocal Cords. Science ns 91, sup. 8 
(June 28, 1940). 

The Carrier Nature of Speech. HomeR DuDLEy. 
Bell System Techn. J. 19, 495-515 (Oct. 1940). 
Recent Work in Experimental Phonetics. E. G. 
RICHARDSON. Nature 145, 841-843 (June 1, 1940). 
Sci. Abs. A43, 2495 (1940). 

Analysis of a Perceptible Series of Partials in a 
Vocal Sound. D. LEwis anp W. H. Licute. J. Exp. 
Psych. 24, 254-267 (Mar. 1939). 
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The Carrier Nature of Speech. Homer DubDLey. 
Bell System Techn. J. 19, 495-515 (Oct. 1940). 

A Speaking-Aid for Those Who are Dumb by Injury 
to Vocal Chords. G. WriGurt. Electronics 13, No. 6, 
44 (June, 1940). 


10. SUPERSONICS (ULTRASONICs) 


Ultrasonics—A Survey. J. C. Hupsarp. Am. J. 
Phys. 8, 207-221 (Aug. 1940). 

Computation of Molecular Radius from Molar 
Volume and Velocity of Sound. W. ScHaarrs. Zeits. 
f. Physik 115, 69-76 (1940). Sci. Abs. A43, 1972 
(1940). 

Visible Sound Waves. A. BLocker. [Letter to the 
Editors. ] Nature 146, 369 (Sept. 14, 1940). 

Light Intensity Distribution in the Spectrum Pro- 
duced by Progressive Supersonic Waves in Liquids. 
O. Nomoto. Phys. Math. Soc. Japan Proc. 22, 314—- 
320 (Apr. 1940). (In German.) Sci. Abs. A43, 2430 
(1940). 

Heavy-Water Rochelle-Salt Crystals. 
Record 18, 368 (Aug. 1940). 

The Acoustic Air-Jet Generator. J. HARTMANN. 
Ingen. Vidensk. Skr. No. 4, (1939) (202 pp.). Sci. 
Abs. B43, 1127 (1940). 

Quartz Oscillators and their Applications. P. 
Vicoreux. N. Y., British Library of Information 
(1939). 

Ultrasonic Velocity in Carbon Dioxide and Ethylene 
in the Critical Region. C. M. HERGeEt. J. Chem. Phys. 
8, 537-542 (July, 1940). Sci. Abs. A43, 2680 (1940). 
An Improved Apparatus for the Direct Measurement 
of the Absorption of Sound in Gases. Ropert W. 
LEONARD. Rev. Sci. Instruments 11, 389-393 (Nov. 
1940). 

Jamin Interferometer Applied to Supersonic Waves 
in Liquids. R. BAr. Helv. Phys. Acta 13, 193-203 
(July 10, 1940). 

Beeinflussung des Flammpunktes von Mineralélen 
durch Ultraschellwellen. (Influence of Ultrasound 
Waves of the Flashpoint of Mineral Oils.) E. 
FurBacu. Akustiche Zeits. 5, 212-215 (July, 1940). 
Splitting of Macromolecules by Supersonic Vibra- 
tions. G. Scumip AND O. RomMEL. Zeits. f. phys. 
Chem. A185, 97-139 (1939). Sci. Abs. A43, 2679 
(1940). 

Effect of Supersonic Waves on Colloidal Phenomena. 
Investigation of the Effect on Solutions of Cane 
Sugar. N. Sata AND Y. HarisAki. Chem. Soc. 
Japan, Bull. 15, 180-185 (May, 1940). (In German.) 
Sci. Abs. A43, 2678 (1940). 


Bell Lab. 


11. WAVES AND VIBRATIONS 


Vibratory Equipment. F. J. vAN ANTIVERPEN. 


Indust. and Engin. Chem. 32, 765-770 (June, 1940). 
Sci. Abs. B43, 1756 (1940). 

Vibration in Electrical Machinery. D. B. HosEAson. 
M. V. Gazette 19, 16-21 (July, 1940). Sci. Abs. B43, 
1757 (1940). 
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Zur thermischen Dampfung in Kugelsymmetrische 
schwingenden Glasblasen. H. Prriem. Akustiche 
Zeits. 5, 202-212 (July, 1940). 

Vibration Source of Variable Frequency for Melde’s 
Experiment. P.O. WoLD AnD F. J. StupErR. Am. J. 
Phys. 8, 165-167 (June, 1940). 

Visual Method for Demonstrating Refraction of 
Sound. H. KRUGLAK AND C. C. Kruse. Am. Jour. 
Phys. 8, 260 (Aug. 1940). 

A Relation between Velocity of Sound in Liquids and 
Molecular Volume. M. Rama Rao. Italian J. Phys. 
14, 109-116 (Apr. 1940). 

Some Acoustical Source-Observer Problems. S. W. 
REDFEARN. London Phil. Mag. & Jour. of Sci. [7], 
30, 223-236 (Sept. 1940). 

Propagation of Sound in a Homogeneous Atmos- 
phere. Y. Rocarp. Rev. Sci., Paris 78, 209-211 (Apr. 
1940). Sci. Abs. A43, 2494 (1940). 

On the Expressions for Energy in Acoustics. H. 
ANDREEV. J. of Physics, U. S. S. R. 2, 305-311 
(1940). (In German.) 
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11.7 Mathematical-Machine Determination of the Vibra. a 
tion of Accelerated Rotor. J. G. BAKER. J. of Applied si 
Mechanics 6, A145-A150 (Dec. 1939). Sci. Abs, t 
B43, 369 (1940). c 

11.7 Influence of Initial Stress on Elastic Waves. M. A. s 
Biot. J. of Applied Physics 11, 522-530 (1940). i 


11.7 Symmetrical Extensional Vibration of the Free 

Circular Plate. T. HAYASAKA. English abstract jn 

Nippon. Elect. Comm. Eng., No. 18, 118-119 (Oct, 

1939). 
11.7 Torsional Vibration in Heavy Shafts. W. A. Tuptiy. 

Phil. Mag. 28, 649-665 (Dec. 1939). Sci. Abs. B43, 


368 (1940). 
11.7 A Simple Method of Finding Poisson’s Ratio. Mary 

D. WALLER. Phys. Soc., Proc. 52, 710-713 (Sept. 1, 

1940). 


[Describes how Poisson’s ratio can be measured in 
terms of ratio of two specified natural frequencies of 
a vibrative free square plate. ] 

11.7 Vibrations of Free Square Plates. Part II. Com- 
pounded Normal Modes. M. D. WALLER. Phys. 
Soc., Proc. 52, 452-455 (July, 1940). 
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Review of Acoustical Patents 


Hersert A, ERF 
The H. A. Erf Acoustical Company, Cleveland, Ohio 


RINTED copies of patents are furnished by the Patent 

Office at a cost of 10¢ each. Address all communica- 
tions to: The Commissioner of Patents, Washington, D. C. 
Remittances should be made by postal money order, 
certified check or cash. Do not send stamps. 

The decimal numbers appearing before each title are 
the numbers which identify the subject headings in the 
Cumulative Index of this journal issued in November, 1939. 
This same classification of subjects can be found in the 

index to Volume 11. 


2,219,440 
2.4 SOUND ABSORBING CONSTRUCTION 


Charles F. Burgess, assignor, by mesne assignments to 
Burgess Battery Company. 
October, 29, 1940, U.S.P.O. Cl. 20-4, 2 Claims. 








A sound absorbing construction embodying the use of 
metallic foil as a sound absorbing medium. The object is 
to provide a construction light in weight, fireproof, durable, 


unaffected by moisture, which will not accumulate odors, 
is easily installed and possesses a high degree of sound and 
heat insulation. 






2,218,992 
2.4 CEILING CONSTRUCTION 
Treadway B. Munroe, assignor to The Celotex Corpora- 
tion. 
October 22, 1940, U.S.P.O. Cl. 20-4, 2 Claims. 
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An invention relating to ceiling and wall structures and 
more particularly to those capable of transmitting light 
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REVIEW OF ACOL 
and overcoming acoustical defects. The construction con- 
sists of a base member composed of unit chambers of light- 
transmitting material with a source of light behind. Each 
chamber is substantially closed and has a resilient exposed 
surface capable of absorption of a portion of sound waves 
impacting on surface of the chamber. 


2,215,078 


2.4 PROCESS FOR THE MANUFACTURE OF FIRE- 
PROOF THERMAL AND ACOUSTICAL 
INSULATION ARTICLES 


Conrad Gerard Francois Cavadino, assignor to Gyproc 

Products Limited, a company of Great Britain. 
September 17, 1940, U.S.P.O. Cl. 106-18, 12 Claims. 

This patent is on a process for the manufacture of a 
fireproof material having acoustic and thermal properties. 
The compound consists of sulfuric acid, water, fluorspar, 
expanded vermiculite, ground cork and clay in proper 
quantities. 


2,217,165 
2.4 SOUND DEADENING MATERIAL 


James E. Graham and Edwin M. Lines, assignors to Bird 
& Son, Inc. 
October 8, 1940, U.S.P.O. Cl. 20-4, 7 Claims. 
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A flexible and resilient building wall sound deadening 
material comprising a flexible multi-layer unit of porous 
open paper felt, of a thinner layer of light-color pigmented 
flexible plastic surface coating including finely divided 
wood powder and a hardened binder material. 


2,194,864 
2.9 SOUNDPROOF WALL 


Erwin Meyer, Berlin-Charlottenburg, Germany. 
March 26, 1940, U.S.P.O. Cl. 20-4, 3 Claims. 

This invention is for a multiple-layer soundproof wall 
to transmit substantially no sound vibrations exceeding a 
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predetermined cut-off frequency. This wall consists of a 
plurality of parallel shells of different masses per square 
centimeter of shell surface and spaced apart by air gaps of 
different lengths. 
2,192,653 
2.9 ACOUSTIC CONSTRUCTION 


Eduard Schenk. 
March 5, 1940, U.S.P.O. Cl. 15444, 9 Claims. 








A wall structure including a blanket of sound absorbing 
material and a body of electrically charged metal covering 
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this blanket and a thin sheet of electroconductive metal 
secured to and adjacent to the charged body with a dielec- 
tric interposed between the charged body and the electro- 
conductive metal. 


2,216,814 


2.11 VIBRATION ISOLATOR 


Alanson M. Gray, Jr., and John S. Parkinson, assignors 
to Johns-Manville Corporation. 
October 8, 1940, U.S.P.O. Cl. 248-21, 12 Claims. 





This invention relates to machine supports and more 
particularly to mounting machinery in such a manner as 
to prevent the transfer of vibrations developed by the 
operating machinery to the supporting structure. The 
isolator comprises a bed plate supported from a foundation, 
a load-bearing plate, spring members supporting the load- 
bearing plate from the bed plate and interposed pads. 


2,217,394 


4.5 METHOD AND APPARATUS FOR 
TESTING HEARING 


Arthur M. Wengel, assignor to Ray-O-Vac Company. 
October 8, 1940, U.S.P.O. Cl. 179-1, 7 Claims. 
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A feature of this invention is to reproduce more nearly 
in the laboratory or test location the hearing conditions 
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which the hard-of-hearing person encounters in every day 
life. The method of testing the hearing is to produce a 
background sound which, in its effect on the ear, appa- 
rently covers substantially the entire range of audible 
frequencies simultaneously, and to produce a test sound, 
both background and test sound applied simultaneously 
to the ear and then determine the intensity of the test 
sound necessary to make it audible above the background 
sound, 


2,207,705 
4.5 HEARING AID DEVICE 


John Walter Cox, assignor to Radio Corporation of Amer- 
ica. 
July 16, 1940, U.S.P.O. Cl. 179-107, 12 Claims. 





The object of this invention is to provide, for those 
whose hearing is impaired, a hearing aid having the form 
of a pair of eye glasses. This hearing aid consists of a pair 
of spectacles having a hollow rim around the lenses. In the 
hollow rims are located carbon granules which form, with 
the lenses, a microphone. Located in the hollow temples is 
the source of current in the form of small dry cells. The 
receiver is secured to that portion of the frame which goes 
over the ear. 


2,218,389 
5.13 ELECTROACOUSTIC MEGAPHONE 


Albert Warmbier, assignor to Telefunken Gesellschaft fiir 
Drahtlose Telegraphic m.b.H., a corporation of Ger- 
many. 

October 15, 1940, U.S.P.O. Cl. 179-1, 8 Claims. 
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This electroacoustic cone- 
shaped casing having a small aperture at one end and a 
large aperture at the other with a microphone located at 


the small end. On an axis with the microphone is an 


comprises a 


megaphone 
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amplifier and loudspeaker surrounded by a sound deaden- 
ing material. Therefore the sound waves which leave the 
large aperture of the megaphone are both electrically and 
acoustically amplified. 


2,216,513 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Laurens Hammond, Chicago, Illinois. 
October 1, 1940, U.S.P.O. Cl. 84-1.26, 19 Claims. 





it 


























Claim 1: In an electrical musical instrument, the com- 
bination of a source of direct current, a voltage divider 
connected to said source and having a plurality of taps, 
variable condensers connected between one terminal of 
said source and said taps, respectively, a plurality of bus 
bars, a plurality of terminals, a plurality of rectifiers 
connected between said taps and terminals, respectively, 
a plurality of multiple key switches for connecting said 
bus bars, respectively, to preselected ones of said terminals, 
and key switch controlled circuits for connecting said bus 
bars to alternating-current generators. 

Other patents by Mr. Laurens Hammond pertaining to 
electrical musical instruments are as follows: 1,956,350, 
2,001,708, 2,126,464, 2,126,682, 2,159,505, 2,173,888, 
2,203,432, 2,203,569, 2,211,205. Re-issue numbers: 20,416, 
20,825, 20,831, 21,137. 


2,219,539 
6.9 ELECTRICAL PIANO 


Herbert F. Riechers, assignor to The Ansley Corporation, 
New York. 


October 29, 1940, U.S.P.O. Cl. 179-1, 9 Claims. 
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Claim 1: In an electrical musical instrument embodying 
electrostatic pick-up of signals from vibrated strings, the 
combination of a plurality of electrostatic elements, a 
source of imperfectly filtered bias voltage, circuits con- 
necting said elements into two substantially equal capacity 
groups, circuits for applying a substantially equal bias to 
each of said groups from said source, and a balanced 
amplifier for substantially canceling equal voltages appear- 
ing across said two groups. 


2,218,959 
7.1 EXHAUST SILENCER 


Ernest J. Palmer, assignor of one-half to Harlan W. Sarvis. 
October 22, 1940, U.S.P.O. Cl. 181-53, 2 Claims. 
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This is an exhaust silencer having inner, intermediate 
and outer shells, having communication with each other 
at certain ends so that the exhaust gases must travel first 
in one direction and then in an opposite direction before 
reaching the atmosphere. Within the shells are exhaust 
breakers having spiral pitches which extend in opposite 
direction to the flow of the exhaust gases. 


2,215,484 


10.7 SONIC FLOCCULATOR AND METHOD OF 
FLOCCULATING SMOKE OR THE LIKE 


Hillary W. St. Clair, assignor to the Government of the 
United States as represented by the Secretary of Interior, 
and his successors in office. 

September 24, 1940, U.S.P.O. Cl. 183-114, 7 Claims. 


This invention relates to the art of flocculating aerosols 
and toa sonic flocculator as well as to a method of floccu- 
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lating smoke and the like. The 
flocculator com- 
prises a means of establishing 


described 


a sound field consisting of a 
high frequency standing wave 
system and a chamber sur- 
rounding the sound field for 
confining an aerosol substan- 
tially in the sound field. The 
chamber has one or more 
ports placed at or across any 
one or more antinodes of the 
standing wave system. Each 
of the ports extends only a 
relatively small distance away 
from the antinode to which 
it is located, so that each of 
the ports provides for the 
passage of a steady stream 





of gas or smoke and remains substantially impervious to 
sound energy from the standing wave system. 
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Program of the Twenty-Third Meeting of the Acoustical Society of America 


National Bureau of Standards, Washington, D. C. 


MonpDAY MORNING, APRIL 29, AT 9:30 O'CLOCK 


East Lecture Room, National Bureau of Standards 


1. A Comparison Between Piezoelectric and Electro- 
magnetic Coupling. Kart S. VAN Dyke, Wesleyan Uni- 
versity.—A development which closely parallels that which 
Morse! gives for the equivalent network of the electro- 
magnetic loudspeaker is carried out for piezoelectric 
coupling as in a supersonic generator or a piezoelectric 
resonator. A coupling constant may be written in me- 
chanical ohms per electrical ohm. When combined with the 
mechanical impedance of a resonator it yields the usual 
equivalent network of the piezoelectric resonator. The 
series arrangement of the elements of this network which 
is due to the voltage-force nature of the coupling is in 
contrast with the parallel network where the coupling is 
current-force. In the one case the electrical impedance 
becomes greater, in the other less, as the mechanical im- 
pedance is greater. The mechanical inertia, dissipation and 
stiffness are each transferred in the first case to circuit 
elements of proportional impedance, in the second case to 
elements of proportional admittance. 


1P. M. Morse, Vibration and Sound (McGraw-Hill, New York, 1936), 
pp. 28-30. 


2. Properties of Linear Systems Used in Vibration 
Measuring Instruments. Joun D. TRIMMER, Massachuseits 
Institute of Technology.—Properties of simple mechanical 
and electrical systems are summarized, with special refer- 
ence to certain ones useful in vibration measurement. It is 
shown that several physical systems, including the me- 
chanical “‘seismographic” system used in vibration pick-ups 
and the electrical circuit of the resistance coupled amplifier, 
are governed essentially by a single analytical expression. 
Information is presented in the two equivalent forms: fre- 
quency characteristics of amplitude and of phase time 
(converted from phase angle); and indicial response, i.e., 
the response to forcing by a step function. These results are 
discussed in relation to the fundamental possibilities of 
vibration measurement by the seismographic method and 
to the determination of the parameters of particular 
instruments. The concepts of instrument element and 
instrument sensitivity, as used in the instrumentation 
courses at M. I. T., are introduced to systematize the 
discussion. 


3. Apparatus for Measuring the Total Sound Power 
Radiated by Small Sources. R. L. HANSON AND E. M. 
BoaRDMAN, Bell Telephone Laboratories—The measure- 
ment of the total power emitted by a sound source which 
does not radiate uniformly in all directions often presents 
a major problem. The simple method of measuring the 
power in terms of the energy level established in an en- 
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closure involves factors which are detrimental to accuracy. 
The more reliable determination by means of the average 
intensity in all directions from the source usually requires 
an unreasonable amount of work. This paper describes 
equipment which by electrical and mechanical means 
integrates the intensity over a sphere about the source and 
gives a direct reading of the total sound power. 


4. A Method of Measuring the Total Output of Speakers. 
DARRELL B. GREEN, Ohio University—This paper presents 
a method of measuring the total output of speakers, 
which is analogous to the globe photometer method of 
measuring the total light flux from a lamp. The speaker 
is placed inside a hollow sphere with the measuring 
microphone located in a small hole in the wall of the 
sphere. A single measurement at the microphone window 
gives a value proportional to the total output of the 
speaker. In order to break up standing wave patterns 
which form in tl:e sphere the frequency of the oscillator 
used to drive the speaker is wobbled above and below the 
steady value. Theory is developed to show that in order 
to smooth out standing waves a constant frequency devia- 
tion is required regardless of the fixed frequency instead 
of a certain percent of the frequency at which the measure- 
ment is made. Data are given comparing this method with 
measurements made out of doors on a speaker. 


5. Power Transmission Loss in Exponential Horns and 
Pipes with Wall Absorption. WILLIAM D. PHELPs, RCA 
Manufacturing Company.—The differential equation gov- 
erning the propagation of sound in horns and pipes in 
general with wall absorption is formulated. Expressions 
for the pressure and power transmission loss in exponential 
horns and cylindrical pipes are given. Families of curves 
showing the power transmission loss in horns and pipes 
with various wall absorption coefficients are computed. 
Measurements on the power transmission loss in pine wood 
and firwood horns, and the absorption coefficients of pine 
and fir are shown. 


6. Absolute Noise Level of Microphones—a Definition 
Proposed for Discussion. H. G. BAERWALD, The Brush 
Development Company.—With high quality microphones, 
fluctuation noise becomes a problem. Analyzing the situa- 
tion shows that the usual conception of the term “signal-to- 
noise-ratio” becomes ambiguous here; thus a gap appears, 
requiring the introduction of a definition. This should be 
based on the properties of the ear in order to characterize 
noise performance as perceived. A corresponding definition 
aiming at a nonambiguous noise rating is introduced, ex- 













































plained, and applied to different types of microphones— 
dynamic, condenser, and piezoelectric (sound cell type). 
Merits and weaknesses of the definition, and of possible 
modifications, and relations to a recently proposed defini- 
tion of microphone efficiency are discussed. The new 
quantity termed “absolute noise level” or ‘absolute 
deafness”’ is defined as the loudness level of the noise heard 
at the acoustical end of an imaginary transmission system 
which, connected to the microphone terminals, would 
faithfully reproduce any sound signal present at the micro- 
phone, when the ambient sound fields at both microphone 
and listener locations are zero. This noise level represents 
the “hearing loss’? introduced by listening via micro- 
phone-transmission-system instead of directly. The nu- 
merical value of absolute deafness (in Phon) is obtained 
from the microphone response and resistance curves, by a 
process based on Fletcher-Munson’s work. 


7. Absolute Sound Pressure Measurements with 
Tourmaline. L. J. StviaAn, Bell Telephone Laboratories.— 
The crystal is cut as a thin circular disk, its faces normal 
to the optical axis. Except for two fine, very flexible elec- 
trodes by which it is suspended from the first stage of the 
measuring amplifier, the crystal is mechanically and acous- 
tically free. The a.c. electric potential generated by the 
crystal under the action of the alternating sound pressure 
in a gas is shown to be the resultant of the piezoelectric and 
pyroelectric effects. A formula relating the magnitudes and 
phases of these two components as functions of frequency 
is derived. This gives the resultant absolute sensitivity of 
the crystal over the audiofrequency range, if the static or 
low frequency values of certain crystal constants are 
known. A practical procedure for the determination of 
these constants is described. Disks of 0.7 cm diameter 
and 0.07 cm thickness have been used for measurements up 
to 15,000 c.p.s. The frequency range is swept through con- 
tinuously, and the crystal output is obtained as a con- 
tinuous “‘level recorder’’ graph. The limitations of the method, 
particularly as to the signal-noise ratio, are pointed out. 
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8. Absolute Calibration of Microphones. Ricuarp kK. 
Cook, National Bureau of Standards.—A tourmaline crys. 
tal disk was used both as a microphone (direct piezoelectric 
effect) and as a source (converse piezoelectric effect), By 
application of a principle of reciprocity to the acoustic 
measurements, the piezoelectric modulus of tourmaline 
under hydrostatic pressure can be obtained. The piezo- 
electric modulus d33+2d3; so determined is compared with 
accepted values for the modulus, and was checked by 
testing-machine measurements of the modulus d;;, A 
condenser microphone was calibrated by means of the 
tourmaline disk. The same principle of reciprocity was 
applied to data obtained by using a condenser microphone 
as both source and microphone, in order to secure an 
absolute calibration of another condenser microphone. The 
results of these pressure calibrations are compared with the 
results of thermophone, pistonphone, electrostatic actuator, 
and Rayleigh disk measurements on the same microphone, 


9. An Approximate Theory of Tracing Distortion in 
Sound Reproduction from Phonograph Records. WILLARD 
D. Lewis, Harvard University. (Introduced by F. V. Hunt.) 
—By means of a perturbation method a general formula 
is derived giving, as an expansion in powers of the ampli- 
tude, the motion of the center of a circle sliding on a 
warped surface representing any generalized recorded 
signal having a bounded spectrum. This formula must 
approach exactness for small amplitudes and is shown to 
agree substantially with the previous more exact analysis 
of Pierce and Hunt! for a sinusoidal signal. The formula 
is then used to obtain general approximate expressions for 
tracing distortion in reproduction from both vertical and 
lateral cut records. The analytic expression for tracing 
distortion makes it possible to give a quantitative discus- 
sion of cross modulation products and permits a comparison 
between harmonic and cross modulation distortion for 
typical recorded signals. Rerecording as a method of 
reducing distortion is discussed, including the effect of the 
upper cut-off frequency to the recording channel. 

1J. A. Pierce and F. V. Hunt, J. Acous. Soc. Am. 10, 14 (1938). 





Monpay AFTERNOON, APRIL 29, AT 2:00 o’CLOCK 


East Lecture Room, National Bureau of Standards 


Special Session of Invited Papers on Sound Level Meters and Measurements 
of Sound at High Intensities 


10. Sound Measuring Instruments from the User’s 
Viewpoint. Paut Huser, General Motors Corporation. 
(30 min.)—An analysis has been made of the character- 
istics of sound measuring equipment as used in the field. 
The limitations and advantages of the various types of 
microphones, circuits and component parts, are discussed. 
These limitations are directly involved in the attainable 
accuracy of measurement, especially when the conditions 





under which the measurement is made differ from those in 
which the instrument was calibrated. 


11. Sound Level Meter Performance. J. E. TWEEDDALE, 
Electrical Research Products, Inc. (20 min.)—In the past 
decade, the increasing use of sound level meters in industry 
has fully demonstrated their value. However, with this 
increasing use, there has grown a more critical attitude 
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with respect to their relative performance. A fundamental 
criticism, particularly in the case of acceptance measure- 
ments, has been the frequently observed lack of agreement 
among sound level meters of different manufacturers 
though calibrated to the same reference level and fulfilling 
the performance requirements of the A.S.A. This paper 
discusses the factors responsible for this condition based 
on experience in the development of sound level meters 
and their application to industrial problems. Suggestions 
are advanced relative to both procedures and standards 
that should aid materially in clarifying and improving 
the existing situation. 


12. Sound Measurement Objectives and Sound Level 
Meter Performance. J. M. Barstow, Bell Telephone 
Laboratories. (30 min.)—The standardization of sound 
level meters has considerably improved conditions in the 
field of sound measurement although several character- 
istics thought to be desirable in visual indicating sound 
measuring devices are not fully realized in instruments 
conforming to the present standards. The extent to which 
certain sound measurement objectives have been realized 
in present sound level meters is discussed. Further work 
will undoubtedly be necessary before some of these 
objectives may be more completely realized. Present 
indications are that sound level meter limitations in regard 
to the approximation of sound jury loudness levels will be 
difficult to remove and at the same time retain reasonable 
apparatus simplicity. Some consideration is given to 
possible courses of action in regard to such limitations. 


13. Acoustical Work in Aircraft Engine Test Houses. 
MarTIN J. BRENNAN, FRANK H. JANKE, JR. AND VICTOR 
Jacosson, Jacobson & Company, Inc. (30 min.)—Fifteen 
years ago saw the introduction of refinements in aircraft 
engine test equipment coincidental with growing produc- 
tion. It became necessary to build specially constructed 
houses for engine testing. As requirements of government 
and private specifications made continuous testing over 
periods of several days obligatory, incidental noise ranging 
up to one hundred forty decibels at the source became a 
growing nuisance in congested areas. Installation of sound 
absorbing materials presented real and unique problems 
because of the limitation inherent in the function of the 
building. Uninterrupted intake and exhaust airflows were 
necessary and passages had to be left open to the elements. 
Air velocities over one hundred miles an hour were in- 
volved. In addition, rigid fireproof requirements and 
maintainability were complicating factors. After early 
false starts with various absorbent media, porous and 
sound absorptive stone was found to be a practical material 
for the purpose. Arrangement of material has been ap- 
proached in several ways, always with the requirement of 
uninterrupted airflow in mind. Honeycomb arrangement 
was first used, then ribbon walls of flat stone and later of 
beveled and perforated stone, as well as variations in the 
arrangement of the passages themselves, some being 
horizontal and some vertical. In the period of the last 
few years the aircraft engine manufacturers and the large 
users of engines such as the U. S. Army and Navy and the 
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transport companies have become more conscious of the 
noise problem, partly due to complaints of nearby munici- 
palities. The number of installations has grown and many 
noise readings have become available indicating the 
efficiency of various materials and arrangements of those 
materials. In many cases noise levels have been recorded 
in the test chamber itself, on top of the exhaust and intake 
passages, at various levels in these passages, as well as at 
varying distances from the test buildings and in varying 
weather conditions. Because of the variables such as engine 
horse power, propeller diameter, propeller tip speed and 
others, the results of comparative tests are indicatory 
rather than conclusive. 


14. Shock Waves in Air and Characteristics of Instru- 
ments for Their Measurement. L. THompson, Naval 
Proving Ground. (45 min.)—The condensation cycle of a 
shock wave is not adiabatic. A transient state exists while 
the head of the wave passes a point in the medium which 
may not be capable of any analytic statement with respect 
to pressure and temperature at the wave surface—though 
density, particle velocity and wave velocity are unique 
and can be measured. The velocity of flow of the medium 
may be very great and, in general, finite waves change in 
form with propagation. Shock waves are pulses of great 
intensity and extraordinarily short times of condensation, 
and may have velocities many times the normal velocity 
of sound. The acoustic power ratings of sources of shock 
are especially high because of the short times of condensa- 
tion. The shock pulse and supersonic waves of large 
amplitude are related somewhat as ultra-short d.c. tran- 
sients and e.m. wave trains of radiofrequency. An equation 
has been obtained representing experimental results for 
times of wave displacement, and velocity, at points in the 
fields of shock. Functions for compression (Ap/po) and 
condensation (s=Ap/p) have been obtained by utilizing 
the Hugoniot-Rankine ‘‘dynamic” equation of condition 
and the theory of shock as a surface of discontinuity. In 
the case of plane waves the function for velocity in terms 
of condensation can thus be compared with the equation 
by classical treatment. Measurement of Ap and s for shock 
waves of great intensity is a means for studying the 
development of the excitational energies in the various 
molecular degrees of freedom, since the results should 
identify the effective ratios of the specific heats for intervals 
down to 10~-” or 10-" second. Simultaneous measurements 
of velocity of flow and wave pressure offer a basis for 
establishing the form of any transient relation which may 
exist between p and p, applicable to these systems. 
Methods for measurement of Ap (piezoelectric technique) 
and p (filament microphone and optical techniques) are 
considered. All direct measurements of pressure in shock 
systems are ballistic in nature, even with piezo gauges. 
The problem of interpreting measurements of over-all 
blast effects with slow (mechanical) gauges is therefore 
essentially of the same type. 


Discussion 


E. E. Scott, General Radio Company. 
V. L. Curister, National Bureau of Standards. 
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MonbaAy EVENING, APRIL 29, AT 6:30 O’CLOCK 


Acoustical Society Dinner in the Dragon Room, Wardman Park Hotel 


Following the dinner a specially conducted tour was made through the 
Naval Model Basin Testing Laboratory located at Carderock, Maryland. 





TUESDAY MORNING, APRIL 30, AT 9:00 O’CLOCK 


East Lecture Room, National Bureau of Standards 


15. Acoustical Investigations of Joseph Henry as Viewed 
in 1940. WILBERT F. SNYDER, National Bureau of Stand- 
ards,—Joseph Henry’s investigations in the field of building 
acoustics published in the Reports of the Smithsonian 
Institution, 1856, have received only scanty attention. 
A versatile and resourceful man, Henry conducted experi- 
ments and expressed himself in such a manner that his 
writings show a clear concept of the basic principles of 
auditorium acoustics. A review of Henry’s publication 
will be presented and a comparison made with our present 
knowledge of acoustics. Since these investigations were 
carried out in the locality of the Smithsonian Institution, 
reference made to them at a Washington meeting may be 
of interest to members of the Society. 


16. Variable Boundary Impedance for Room Acoustics 
Investigations. R. H. Bott* anp R. L. Brown, Massa- 
chusetts Institute of Technology—A method has been 
developed for obtaining a wide range of impedance values, 
both as to magnitude and phase angle, In one form, a 
variable impedance unit consists of (1) a steel face with 
perforations of variable area (obtained by overlapping 
identically drilled plates), (2) a ‘‘resistance element’’—a 
layer of acoustic absorbent material with appropriate flow 
resistance, (3) a ‘‘mass element’’—a solid board through 
which small channels are drilled at uniform spacing over 
the whole surface, and (4) a ‘‘stiffness element’’—a cavity 
of variable depth backed by a rigid steel plate. The 
behavior can be predicted approximately by circuit theory,’ 
and is essentially that of a damped resonator. A unit with 
face 20X20 cm has been built and calibrated, for pure 
tones at several frequencies, using a straight acoustic 
impedance line of the same sectional area. The useful 
range appears to include phase angles from —45° to +45° 
and magnitudes of Z/poc from 0.4 to 10, for frequencies 
between 250 and 850 c.p.s. Normal incidence ‘‘absorption 
coefficients’ of 99 percent have been obtained. Modifica- 
tions of the structure are being developed with a view to 
extending the frequency range and general applicability 
of controlled impedance. The variable impedance is being 
applied to a number of detailed experiments relating to 
the influence of boundary impedance on normal modes, 


and correlated with room acoustics theory. 
* National Research Fellow. 


1W. Williams, Akustische Zeits. 4, 29 (1939); K. Schuster and W. 
Stohr, ibid. 4, 253 (1939). 


17. Damping of Normal Modes by Small Absorptive 
Areas: Exact Solution of a Simplified Case. J. R. PELLAy 
AND R. H. Boxt,* Massachusetts Institute of Technology — 
The method previously developed! for analyzing the dif- 
fraction of plane waves striking an absorbing strip in an 
infinite plane wall is applied to the corresponding problem 
in a finite enclosure. A particular case is selected such that 
component waves, which in the general case are summed 
to form a resultant wave, may be studied individually as 
isolated normal modes. A semi-cylindrical room is em- 
ployed; its concave wall tends to ‘‘focus” sound upon the 
center of the opposite diametric wall on which the ab- 
sorbing panel is centered. If the wave equation is set up in 
elliptic cylinder coordinates with the edges of the panel as 
foci, the boundary conditions are readily satisfied. The 
theory is strictly applicable to a semi-elliptical room only, 
but holds well in the semi-cylinder for strip widths up to 
one-third the diameter. The experimental enclosure has a 
35-cm radius, a vertical “height” of 10 cm, and is con- 
structed with highly reflective metal surfaces. The selective 
damping of various normal modes is investigated for strip 
widths varying from 5 to 25 cm, and over a wide range of 
normal acoustic impedances. The results substantiate the 
prediction that the effective absorption coefficient goes 
through a maximum when the ratio of strip width to 
wave-length is, for most modes, of the order of one-half. 


* National Research Fellow. 
1J. R. Pellam, J. Acous. Soc. Am. 11, 396 (1940). 


18. Precision Measurement of Acoustic Impedance of 
Sound Absorbing Materials. LEo L. BERANEK, Harvard 
University.—A brief survey is made of the limitations of 
existing methods for the measurement of the normal 
acoustic impedance of sound absorbing materials. A more 
exact method has been developed which utilizes a cylindri- 
cal tube terminated at one end by a rigid wall at whose 
center the sound is admitted and at the other end by a 
movable piston on which the absorbing sample may be 
mounted. The acoustic impedance is computed from the 
widths and positions of pressure-length resonance curves, 
the pressure being measured at the tube wall at the source 
end. An exact mathematical analysis is provided which 
includes correction for the effects of dissipation in the tube 
and distortion of the sound field in the vicinity of the 
source. In the frequency range of 100 to 8000 cycles, 
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using two tubes of different diameters, measurements are 
made to show the various types of impedance curves 
available for practical applications, and to show variations 
between different samples of the same material. The 
effect of sample mounting conditions is discussed in 
connection with the correlation of small tube and full 
scale reverberation chamber measurements. 


19. On Non-Uniform Acoustical Boundary Conditions 
in Rectangular Rooms. Dan-You Maa, Harvard Uni- 
versity—An exact solution is obtained for the behavior of 
sound in a rectangular room whose walls are covered 
non-uniformly with acoustical materials. The sound field 
in the chamber is decomposed into normal modes of vibra- 
tion, each having its normal frequency, decay constant, 
and pressure configuration affected by the distribution of 
acoustical materials. The normal modes of vibration are 
considered to be composed of traveling waves undergoing 
both specular reflection and diffraction. In most cases the 
non-uniform boundary may be replaced, through a per- 
turbation method, by an equivalent uniform boundary 
whose acoustic admittance is simply related to the proper- 
ties of the actual boundary. Additional effects of diffrac- 
tion, when not negligible, may be superposed. The diffrac- 
tion patterns for several simple cases are computed and 
compared with the predictions of conventional free wave 
analysis. The present theory is adequate for precalculation 
of sound decay curves in rectangular rooms for any given 
arrangement of acoustical materials. It can, in addition, 
be used for guidance in selecting distributions of material 
leading to particular results, such as linear decay curves 
or maximum ‘“‘apparent absorption coefficient.” 


20. The Dependence of Sound Transmission Measure- 
ments on Microphone Position. ALBERT LonpoNn, National 
Bureau of Standards.—In the customary method of 
determining the transmission loss of a wall or floor partition 
it is necessary to measure the difference in sound levels 
existing in two rooms which have the partition as a 
separating wall. Also, the ratio S/A»2, where S is the trans- 
mitting area of the partition and A, the total sound 
absorption of the receiving room, must be known. It was 
found that despite adequate precautions the sound energy 
density in both test rooms was not entirely uniform. In 
particular, on the quiet side a sharp drop in level occurred 
within a region of 2 or 3 feet from the panel face. The 
sound energy density existing at the panel face on the 
quiet side may be considered to consist of a direct compo- 
nent arising from energy radiated directly off the panel 
and a reverberant component arising from reverberant 
energy existing throughout the entire room. On this 
basis a formula was computed which allows one to deter- 
mine transmission losses by restricting measurements on 
the quiet side to positions at the panel face. The formula 
was found to be in very good agreement with experimental 
results over a wide range of variation of A». All of the 
above data were obtained with a pressure microphone. 
A number of similar measurements, using a pressure 
gradient (ribbon) microphone of special design, were also 
taken. The results so obtained were independent of the 
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amount of absorption in the room and the area of the 
panel, although to secure the actual transmission loss a 
constant correction is required. 


21. The Absorption of Noise in Ventilating Ducts. 
HALE J. SaBine, The Celotex Corporation——This paper 
describes an experimental study of noise in ventilating 
ducts and the quieting effect of a sound absorbing duct 
lining. The attenuation in decibels per foot length of duct 
was measured directly, using a loudspeaker as a sound 
source, for both lined and unlined rectangular ducts of 
various shapes and sizes, and for various frequencies. The 
relation of the attenuation to the cross-sectional dimensions 
of the duct and to the absorption coefficient of the lining 
was found to agree more closely with the formula derived 
theoretically by Sivian than with any of the other formulae 
which have been proposed. Measurements were also made 
of the noise of a fan of 5000 c.f.m. capacity connected to 
the system. It was found that the noise generated by the 
friction of the air against the inside walls of the duct, 
either lined or unlined, for velocities as high as 1500 f.p.m., 
was negligible in comparison with the noise created by the 
fan blades. Tests were made on the quieting effect and the 
resistance to air flow of a special baffle structure introduced 
in the system. The frictional resistance of the absorbent 
lined duct, as compared to that of the unlined duct, was 
also measured. 


22. Effect of Painting on the Sound Absorption of 
Acoustic Materials. V. L. Curister, National Bureau of 
Standards.—A brief discussion is given of the properties of 
a material which cause it to absorb sound. Photographs 
are shown and the results of sound absorption measure- 
ments before and after painting are given for a number of 
different types of material. A brief discussion is given of 
the kind of paint which can be used and how it should 
be applied. 


23. Room Noise at Subscribers’ Telephone Locations. 
D. F. SEAcorD, Bell Telephone Laboratories—This paper 
presents information in regard to room noise at subscribers’ 
telephone locations based on the results of recent surveys 
made by Bell System engineers. Data are given which 
describe the magnitude of room noise, its variation from 
place to place and from time to time. Information is also 
presented covering the magnitude and variation of outdoor 
noise, as measured at the street curb in front of the sub- 
scribers’ premises, which in many cases is an important 
contribution to room noise. 


24. Sound Control Apparatus for the Theater. HAROLD 
Burris-MEYER, Stevens Institute of Technology.—The de- 
velopment of sound control apparatus for use in the 
legitimate theater involves provision for: (1) Ultimate 
flexibility of control, i.e., the audience must hear any sound 
from any apparent source or sources or no source or a 
moving source, at any apparent distance, at any pitch or 
intensity, with any quality, and with any predetermined 
reverberation.! (2) Portability and adaptability of equip- 
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ment. The apparatus must be trouped easily and work well 
in any theater. (3) Simplicity of installation and operation; 
similarity to lighting control apparatus. The first experi- 
mental apparatus designed to fill all these requisites is now 
in use. It has been developed through its application of the 


principles of sound control to legitimate productions and 
other dramatic enterprises. It involves numerous essentia] 
variations from standard PA, Radio, Motion Picture anq 
theatrical practice. 

1}1,. Burris-Meyer, J. Acous. Soc. Am. 11, 346 (1940). 





TUESDAY AFTERNOON, APRIL 30, AT 2:00 0’CLOCK 


East Lecture Room, National Bureau of Standards 


25. Sono Radio Buoys. HERBERT GROVE Dorsey, U. S. 
Coast and Geodetic Survey.—When hydrographic surveying 
is carried beyond visual control it is necessary to have 
other methods to determine the ship’s position. Radio 
acoustic ranging supplies the method and sono radio 
buoys, placed at known locations, emit radio signals when 
actuated by subaqueous sounds. Knowing the velocity of 
sound in water, a system of triangulation can be extended 
whereby the ship’s position may be determined upwards 
of a hundred miles from shore. Sono radio buoys consist 
of one or two 50-gallon steei drums supporting a radio 
antenna above and a stabilizing counterweight below. A 
sound pick-up is suspended 30 to 80 feet below the buoy, 
inside of which there is an audioamplifier favoring low 
frequencies, connected to the pick-up. When the survey 
ship explodes a small bomb of TNT in the water a mark is 
made on a chronograph tape on the ship and the sound 
travels to the pick-up where it is amplified and actuates 
transmitters in the different buoys. Radio signals returning 
to the ship are recorded on the same chronograph tape. 
Measured to 0.01 second, these time intervals enable the 
plotting of the ship’s position. 


26. An Improved Apparatus for the Direct Measurement 
of the Absorption of Sound in Gases. RoBERT W. LEONARD, 
Department of Physics, University of California at Los 
Angeles——Apparatus has been designed and built for 
measurements in absorptive gases such as carbon dioxide 
and nitrous oxide. Measurements are made of the sound 
pressure by a microphone as it is moved away from a 
piston source vibrating in a large baffle. The resulting 
pressure-distance curves are recorded photographically and 
yield the absorption coefficient, after a correction, owing 
to divergence, is made. The source is a magnetostrictive 
rod driven by an improved Pierce type oscillator. The 
range of frequencies covered is 22 to 112 kc. Reflections 
from the walls of the measuring chamber are reduced 
materially by specially designed glass baffles. A magnetic 
drive is employed to move the microphone, eliminating 
packing glands and providing a constant volume chamber 
for the measurements. A milliampere meter movement is 
used in the recorder, making possible comparatively rapid 
recordings. The microphone was built up from a single 
bender type Rochelle salt bimorph element. The apparatus 
has been used in measuring the absorption of sound in 
carbon dioxide and nitrous oxide. 


27. The Absorption of Sound in CO., N,O, COS, and in 
CS., Containing Added Impurities. V. O. KNUDSEN anp 
E. FrIcKE, University of California at Los Angeles.—We 
have investigated the absorptive characteristics of CO,, 
N.O, COS, and CS, as influenced by the addition of certain 
gases, such as He, H2O, HS, CH;OH, etc., acting as 
“catalysts.”” These catalysts shift the absorption bands to 
higher frequencies; the magnitudes of these shifts yield 
information respecting (1) the frequency dt which each 
pure gas has its maximal absorption, and (2). the nature of 
the molecular collisions involved, and especially the effec- 
tiveness of these collisions in disturbing the vibrational 
states of the absorptive molecules. The results indicate 
that at atmospheric pressure and 23°C the absorption 
maxima for pure COs, N2O, COS, and CSz are at 20 ke, 
153 kc, 287 kc, and 379 kc, respectively. The shift in each 
case is proportional to the concentration of the added 
catalyst. The addition of one percent of H,O to CO, 
shifts the absorption band for CO, 2250 kc; similarly, one 
percent of H2O shifts the CS2 band 2460 kc, the COS band 
4200 kc, and the N2O band 427 kc. One percent of the other 
impurities produced shifts which varied from 6 to 1500 kc. 
Transition probabilities for the above gases have been 
calculated; the results will be discussed. 


28. Effects of Water Vapor on Supersonic Dispersion in 
CO,. D. TELFAIR, The Pennsylvania State College. (Intro- 
duced by W. H. Pielemeier.) (10 min.)—Measurements were 
made at atmospheric pressure and 28°C with an acoustic 
interferometer from which velocity and absorption in CO, 
were computed. Ten frequencies, covering the range 284 
to 1595 kc/sec., were used, and at each frequency the 
dispersive region was passed through by taking measure- 
ments at various H,O concentrations. At each frequency, u 
(the absorption per wave-length) rises with increasing 
humidity to a maximum of about 0.28 and then drops 
slowly, but at lower frequencies it also passes through a 
shelf or minor peak before the H,O concentration reaches 
its maximum value. The drop in velocity accompanying 
the large absorption peak is about 10 m/sec., and ap- 
proximately a 1 m/sec. drop occurs near the minor peak. 
The water vapor concentration, /,,, which produces max- 
imum absorption, increases linearly with frequency for 
both absorption maxima, but at different rates. For the 
major peak fm = [60+8(10")h» ] kc/sec. For the minor peak 


fn’ =[50+2(10)Am’] kc/sec. Since, on the basis of the 
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relaxation time theory, a shift of the dispersive region to 
higher frequency means a more rapid transfer of energy to 
and from the lagging vibrational states, these results may 
be interpreted as indicating that the average lifetime of a 
quantum of vibrational energy in CO: is markedly de- 
creased by the presence of a small percentage of HO 
molecules. Some of these facts are now published in another 
journal! but have not been presented before to this society. 
A new apparatus is now being constructed which will cover a 
range of (— 150) to 450°C and zero to 2 atmospheres pressure. 


1W. H. Pielemeier, H. L. Saxton and D. Telfair, J. Chem. Phys. 8, 
106 (1940). 


29. Ultrasonics and Elasticity. H. F. Luptorr, Cornell 
University—Previously a method of investigating elastic 
properties of solids has been devised. The method involves 
the piezoelectric excitation of spatial ultrasonic wave 
gratings and the irradiation of the solid with visible light. 
Interference patterns obtained in this way uniquely de- 
termine the elasticity and symmetry behavior of the solid. 
If the solid is transparent, the action on the light is that of 
a spatial grating. If the solid is opaque, the interference 
pattern appears in reflected light, the diffraction taking 
place on the oscillating surface. From our interference 
pictures one can determine simultaneously all the elastic 
constants of a solid with an accuracy hitherto unattained. 
By this method investigations on the temperature de- 
pendence of the elasticity are performed here. From the 
viewpoint of the solid state theory we can derive the 
general temperature law which the elastic parameters of 
solids must obey. By means of two thermodynamical 
identities and a quantum theoretical equation of state we 
get at low temperatures a TJ“ law, at high temperatures a T 
law for the elastic parameters; this is in satisfactory agree- 
ment with the modern measurements. 


30. Ultrasonic Study of Phase Transition Near the 
Critical Point. J. C. HuBBARD anp C. M. HERGET,* 
Rowland Physical Laboratory, The Johns Hopkins Uni- 
versity. (10 min.)—The persistence of certain aspects of 
phase transition in the region above the critical point has 
been discussed from a thermodynamic point of view by 
A. Eucken,'! who pointed out the characteristics which 
might be expected of some of the differential coefficients, 
for example the isothermal modulus (0p/8V)r for p and T 
values in apparent continuation of the vapor pressure 
curve above the critical point. The continuity of p and T 
values through the critical point is strikingly brought out 
by measurements made by the junior author of the velocity 
of sound in CO». The isothermal curves for sound velocity 
as a function of pressure show sharp minima both below 
and above the critical point. The p and T values for these 
minima below the critical point lie on the vapor pressure 
curve, while those above the critical point are on a con- 
tinuation of the vapor pressure curve. 

* Now with the Russell Sage Institute of Pathology, New York, 
New York. 

1A. Eucken, Physik. Zeits. 35, 708 (1934). 


31. A Mechanical Playing Device for Brass Wind 
Instruments. DANIEL W. Martin, University of Illinois. 





(Introduced by F. R. Watson.)—For an investigation of the 
steady state performance of a musical instrument, it is 
desirable to have a mechanical means of playing it. Human 
variables influencing test conditions are thus reduced, and 
the tone produced will be reasonably constant in intensity, 
quality and frequency. Brass instruments require a me- 
chanical lip which, when driven by normal blowing pres- 
sures, will vibrate in the conventional frequency range in 
much the same manner as the musician’s lip does. Ap- 
paratus has been constructed to try to reproduce the 
physical playing system fairly closely. A simple means of 
controlling the tension given to the lips by the surrounding 
muscle has been tried with some success. A short demon- 
stration is contemplated. 


32. Experiments Connected with End Corrections for 
Organ Pipes. ARTHUR TABER JONES, Smith College — 
This study was carried out with rectangular wooden pipes 
in which the fundamental natural frequency was found by 
resonance. In most cases the pipes employed were not 
organ pipes. The pipe to be examined was excited by a 
telephone receiver set into one side of the pipe, and the 
sound was picked up through a small bore brass listening 
tube screwed into another side of the pipe and connected 
by rubber tubing to the observer’s ear. The telephone 
receiver was fed from an audiofrequency oscillator, the 
frequency of which was varied to obtain the maximum 
resonant response. The resonant frequency was examined 
(a) with plates extending at different angles from one edge 
of one end of the pipe, (6) with one end of the pipe closed 
except for slits of different sizes, (c) with one end closed 
except for a slit of chosen width at different distances from 
an edge of one end, (d) with circular holes of different 
sizes near the middle of one wall of the pipe. In addition 
the fundamental natural frequency of each of a number of 
organ pipes from several organ builders was compared 
with the frequency obtained by blowing the pipe. 


33. Problems in the Analysis of the Tone of an Open 
Organ Pipe. P. A. Norturop, Vassar College. (Introduced 
by Edna Carter.)\—An open organ pipe and a microphone 
are rotated about an axis making an angle of about 40 
degrees with the vertical in a room acoustically treated 
essentially as described by Bedell.' Using a General Radio 
Type 636-A wave analyzer, measurements of the first five 
partials are made in the following positions: (a) on the 
axis of the pipe, (b) on a line perpendicular to the axis at 
a point midway between the mouth and the end and (c) 
on a line parallel to the axis of the pipe at a distance of 

4 inches from the body of the pipe. An interference 
pattern is obtained approximating that expected if the 
mouth and end are treated as point sources. It thus ap- 
pears that even with negligible reflections there is no single 
location in which measurements can be made which will 
accurately represent the performance of the pipe. Possibly 
the most significant results may be obtained by rotating 
the microphone and pipe in a small room with highly 
reflecting surfaces. An experiment to test this is in progress. 

1 E. H. Bedell, J. Acous. Soc. Am, 18, 118 (1936). 
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34. Normal Hearing in the General Population as 
Measured on Seventeen Western Electric 2A Audiometers. 
Wits C. Beastey, U.S. Public Health Service —During 
a clinical study of deafness and aural disease, which was 
carried out in 1936 by the U. S. Public Health Service in 
twelve cities, measurements of auditory acuity were ob- 
tained on 4,662 males and females of various ages who 
stated at the clinical interview that they had never ob- 
served any difficulty whatsoever with their hearing in 
either ear. Seventeen audiometers, eighteen 552W air re- 
ceivers, and nineteen 700B bone receivers were involved 
in these tests. Through the cooperation of the Bell Tele- 
phone Laboratories calibrations were obtained on the air 
receivers, so that it is possible to state the performance 
characteristics of the receivers relative to laboratory stand- 
ards. Similar, but less satisfactory, calibrations were ob- 
tained also for the bone receivers. The output of the audi- 
ometers was measured regularly during the course of 
testing. At each clinic, the same type of sound-insulating 
booths was used. Comparisons in this report will be given 
between the physical calibrations of instruments and the 
nature of the distributions of threshold acuity measure- 
ments on persons of the same ages who were measured 
at the various clinics. Data will be given also showing the 
influence of general noise level in the booths on the ob- 
tained average normal thresholds. 


35. Combination Tones: Their Nature and Origin in the 
Auditory Mechanism. E. G. Wever, C. W. BRAy, AND 
M. Lawrence, Princeton University —The electrical re- 
sponses of the cochlea were used to study combination 
tones as produced through distortion in the ear. Guinea 
pigs were stimulated with two pure tones under two con- 
ditions, (1) with a loudspeaker when the ear was intact, 
and (2) with a mechanical vibrator applied to the head of 
the stapes after removal of all the more peripheral portions 
of the middle ear. The parts removed included drum, 
malleus, incus, and tensor tympani muscle, and in some of 
the experiments the stapedius muscle. Combination tones 
obtained from normal and operated ears were similar, and 


it is concluded that the peripheral mechanism of the ear 
transmits vibrations with high fidelity. The results thus 
do not support the assumptions made by Helmholtz and 
others that there is a significant degree of nonlinearity and 
asymmetry in the movements of the drum and ossicles, 
Distortion in these structures is not wholly excluded, but 
it is shown to be unimportant in relation to the distortion 
that appears beyond the stapes. We consider the most 
probable source of distortion to be the processes of the 
inner ear through which mechanical vibrations are trans- 
formed into electrical effects. 


36. Roaring Tinnitus and Deafness due to Vitamin EF 
Deficiency. EMANUEL M. JosEPHSON, M.D., New York 
City—A type of progressive deafness associated with 
roaring ear noises occurs in persons suffering from vitamin 
E deficiency. It can be relieved permanently by the ad- 
ministration of vitamin E, wheat-germ oil or alpha- 
tocopherol together with a diet rich in substances from 
which the body can produce creatine. In the early stages of 
this condition transient relief can be obtained by the ad- 
ministration of prostigmine, but it soon recurs. Under the 
vitamin E treatment the tinnitus clears up completely and 
the deafness improves materially. The mechanism of action 
of this vitamin, which is popularly termed the fertility 
vitamin, is in these cases the same as that which I described 
last year in myasthenia gravis, progressive muscular 
dystrophy and in other neuro-muscular diseases, some 
phases of which were recently confirmed by Dr. Franklin 
Bicknell. The vitamin raises the kidney’s threshold of ex- 
cretion and stops the loss from the body of creatine, 
which is essential for muscular contraction, strength and 
tone. The action on the tensor tympani and stapedius 
muscles of the middle ear is responsible for the relief of the 
tinnitus and deafness. Incidentally there is evidence that 
the action of the vitamin on fertility is dependent on its 
action on the muscles involved in procreation. The varia- 
tions in the excretion of creatine are a good index of the 
body’s supply of the vitamin. 





SUPPLEMENTARY PROGRAM 


37. Relief of Conduction Deafness in Progressive 
Deafness. EMANUEL M. JosEPHSON, M.D., New York 
City.—Data presented before this Society almost a decade 
ago made it clear that disease changes in the eardrum in 
progressive deafness contribute to the loss of hearing by 
increasing their resistance to the transmission of sound into 
the middle ear. This increased resistance can be eliminated 
by incision or excision of the eardrum. Further studies have 
shown that the results obtainable by the slight and simple 
operations on the eardrums fully equal those obtained by 
the grave and dangerous Sourdille “fenestration” operation 
or its various modifications. These operations do not effect 
a cure of the deafness but merely offer relief and temporary 
improvement of hearing. The disease process that causes 





the deafness continues to operate unless discovered and 
arrested. The effect of incision in various parts of the ear- 
drum on the hearing raises the interesting acoustical 
problem of the exact mode of its transmission of sound. It 
raises the question whether the tympanic membrane may 
not be considered as consisting of several membranes 
resonating selectively to different frequencies; and poses the 
question of the modification of transmission by the action 
of the tensor tympani muscle. The inflation test and its in- 
fluence on the transmission of low frequencies is described. 


38. The Ultramicrometer as a Vibration Meter. J. C. 
HvusBBARD AND PaiLip HAMBLETON, Rowland Physical 
Laboratory, The Johns Hopkins University. (10 min.)—The 
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L, C circuit of a radiofrequency oscillator of high trequency 
stability includes as part of its capacity a separate unit 
containing a reed condenser of variable inertia and resist- 
ance characteristics. When the oscillator is tuned to zero 
beat with another, preferably a Pierce oscillator, any shock 
or vibration reaching the reed throws the electrical tuning 


off zero beat. The resultant disturbance may be picked up 
by a tuned radiofrequency receiver and the output meas- 
ured or heard by loudspeaker. The device has been used 
in the laboratory for testing the effectiveness of vibration 
insulation and “vibration free’ 
will be demonstrated. 


mountings. The apparatus 
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Program of the Twenty-Fourth Meeting of the Acoustical Society of America 


Chicago Towers Club, Chicago, Illinois 


FRIDAY MORNING, NOVEMBER 15, AT 10:00 o’cLocK 


Tropical Room 


1. The Absorption of Strips, Effects of Width and Lo- 
cation. L. G. RaAMER, Riverbank Laboratories. (20 min.)— 
This paper presents the results of measurements, made by 
the reverberation method, of the absorption due to strips 
of various widths. Conclusion is drawn that, with diffusion 
agencies in the room, the narrowest practicable strip gives 
the greatest apparent absorption per unit area, with a 
continuous decrease as the strip width is increased. 
Further, for strips narrow with respect to the wave-length, 
the strip will be more effective if placed at the edge of a 
wall area, than if placed in the center of the same wall area. 


2. Specific Normal Impedance and Sound Absorption 
Coefficients of Materials. PauL E. SABINE, Riverbank 
Laboratories. (20 min.)—This paper reports the results of 
comparison measurements of ‘reverberation coefficients” 
made on identical samples of materials in three reverbera- 
tion chambers, having volumes ranging from 10,000 to 
15,000 cubic feet. The results of these measurements indi- 
cate that, in rooms of comparable size, discrepancies in 
the measured values of the “reverberation coefficients” 
are not excessive at frequencies of 500 cycles and higher, 
and that disagreement at frequencies below 500 cycles are 
not sufficiently great to warrant the abandonment of 
reverberation methods. Reasons for the disagreements 
shown are considered. An attempt is made to correlate 
the results of acoustical impedance measurements made by 
the closed tube method reported by Beranek with room 
measurements of reverberation coefficients on eight com- 
mercial absorbents. It is shown that at frequencies below 
500 cycles, the average values of the measured reverbera- 
tion coefficients of the eight materials agrees very closely 
with the coefficient of absorption computed from the 


equation 
{eee —} 
a=1—4 Pt 
|2/pc|+1 


where z/pc is the complex value of the normal specific 
acoustic impedance as given by tube measurements. For 
frequencies above 500 cycles the relation 


|z/pc|cos aa 
|z/pc|cos 0+1 


gives close agreement with the average value for the eight 
materials. Cos 0, the average value of cosine of the angle of 
incidence is 0.63, corresponding to an average angle of 
incidence of 51°, instead of the theoretical angle of 60° 
under the assumption of completely diffuse sound. Ex- 
planation is to be found in the arrangement of the diffusing 
agents used in the reverberation chamber which diffuse 
normal modes of vibration parallel to the absorbing surface 
more than the vertical modes. 


a=1-— 


3. The Attenuation of Sound in Ducts. Leo L. Beranex, 
Cruft Laboratory, Harvard University. (20 min.)—The ex. 
perimental data on the attenuation of sound in ducts 
published recently by Hale J. Sabine! is re-examined in the 
light of Morse’s theory.? It is shown that the data can be 
more consistently explained by Morse’s theory than by 
the experimental formula given in Sabine’s paper. It is 
seen that the specific normal acoustic impedance is a 
satisfactory designation for the absorbing properties of the 
duct lining. Small tube impedance measurements on the 
lining material are made and the values compared with 
those computed from Sabine’s data. 


1 Hale J. Sabine, J. Acous. Soc. Am. 12, 53 (1940). 
2P. M. Morse, J. Acous. Soc. Am. 11, 205 (1939). 


4. Ideal Auditorium Acoustics. F. R. Watson, Uni- 
versity of Illinois. (20 min.)—Some years ago, on reading a 
number of articles and comparing the results, the writer 
reached two conclusions; first, that practically all of the 
acoustical defects in auditoriums are due to reflected sound 
and second, that speakers and musicians are aided by 
nearby reflecting surfaces. These conclusions are not 
contradictory, since it was also shown that the reflections 
from the surfaces near the source of sound come quickly 
after the direct sound and are beneficial; the later re- 
flected sounds cause the troubles. A combination of the two 
conclusions suggested the outdoor theater, which has 
almost no reflected sound except the acceptable portion 
coming from the rear wall of the stage, and which is 
generally commended for its excellent acoustics. On the 
basis of this study, the writer was led to propose a theory! 
that good acoustics in auditoriums might be expected if the 
reflection of sound were reduced as in the outdoor theater, 
and if provision were made for nearby reflecting surfaces 
by which performers could “hear themselves.”’ Since this 
theory was advanced, various developments in the acoustic 
field appear to confirm the predictions. Auditoriums have 
been built without side walls, or with heavily padded walls, 
or with convex curved portions, etc., with a reduction of 
reflection in each case, and with resulting good acoustics. 
Furthermore, the use of special band shells, stage rooms 
and similar devices have furnished reflecting surfaces that 
have been welcomed by performers, with a consequent 
better production of music and speaking. Further develop- 
ments in these two particulars are desirable if the ideal 
auditorium is to be found. 

1 Science 67, 335-338 (1928). 


5. The Control of Acoustic Conditions on the Concert 
Stage. HARoLp Burris-MEYER, Stevens Institute of Tech- 
nology. (20 min.)—The control of acoustical conditions 
within a restricted zone has been undertaken by Mr. Paul 
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Robeson as a means to recreating on the concert stage the 
acoustic characteristics of asmall, highly reverberant room. 
The concert singer like all the rest of us sings with greater 
ease and assurance in the bath, or its acoustical equivalent, 
than anywhere else. In a large concert hall the effort to 
project the voice, which the singer doesn’t hear as easily 
as in a small live room, may cause muscular tension, the 
use of an abnormally high key or faults in technique which 
militate against a good performance. To eliminate these 
hazards it is necessary only to reproduce the requisite 
acoustic conditions in a zone surrounding the singer but 
not touching the audience. The technique originally 
pioneered by Mr. Robeson has been analyzed and sim- 
plified, and special apparatus has been assembled for it. 
It seems to have a potentially large application to the 
public performance, recording and broadcasting of music. 


6. Propagation of Sound in the Atmosphere—Time 
Fluctuations in Intensity. L. P. DELsAsso anp V. O. 
KnupsEN, University of California at Los Angeles. (20 min.) 


—Measurements conducted on the propagation of sound 
over a dry lake in the Mojave Desert revealed large fluctua- 
tions in intensity, even in calm air and for short distances 
The fluctuations increased with a rise in frequency. For a 
point source on the surface of the lake, the intensity of a 
250-cycle tone at a distance of 50 m was almost uniform, 
whereas a 4000-cycle tone showed rapid time variations of 
intensity—within only a few seconds the intensity varied 
as much as thirty-six-fold. An exponential sound source 
(4000 cycles), 75 cm above the lake and directed horizon- 
tally, exhibited not only great intensity fluctuations but 
also surprising changes of wave form. Even during intervals 
of calm, late at night, when there was no observable wind 
or temperature gradient (up to a height of 10 m), many of 
these extreme fluctuations occurred. These irregularities 
of the propagation of sound will be shown in a series of 
oscillograms. The irregularities have been simulated, 
qualitatively, by producing convection currents of the 
air in a soundproof, constant temperature room. 





FRIDAY AFTERNOON, NOVEMBER 15, AT 2:00 O’CLOCK 


Tropical Room 


7. Method of Measuring Audiofrequencies. Don Lewis 
AnD PAu E. Grirrita, State University of Iowa. (15 min.) 
—We have recently developed a method of measuring 
audiofrequencies which has proved to be quite accurate as 
well as fairly rapid. The apparatus consists of a vacuum- 
tube oscillator which controls a multivibrator whose funda- 
mental frequency is 100 c.p.s.; a beat-frequency oscillator 
equipped with an incremental-frequency control calibrated 
in cycles per second over a 100-cycle range; a G.R. Type 
636-A wave analyzer; and a cathode-ray oscilloscope. 
The measurement of frequency is made in the following 
manner: (1) With the incremental-frequency condenser 
set at zero, the beat-frequency oscillator is adjusted to the 
unknown frequency through the use of Lissajous figures 
on the oscilloscope. (2) The wave analyzer is then set to 
the multiple of 100 cycles which is nearest to the frequency 
being measured, as shown by the main dial of the oscillator, 
and adjusted exactly by tuning it to one of the harmonics of 
the multi-vibrator. (3) The analyzer is then switched to the 
oscillator and the incremental-frequency dial (which 
reads from —50 to +50 cycles) is adjusted until a maxi- 
mum deflection is obtained. (4) The unknown frequency is 
the frequency at which the analyzer is set modified by the 
reading on the incremental-frequency dial. The accuracy 
of the method depends primarily upon the constancy of the 
multi-vibrator and the accuracy with which it is calibrated. 
Checks which have been made show that the standard 
error of measurement is less than 0.25 percent. 


8. Improved Techniques in the Study of Violins. R. B. 
Watson, W. J. CUNNINGHAM AND F. A. SAUNDERS, 
Harvard University. (15 min.) 





Frequency-response curves 


of violins are obtained by a modification of a method 
described by Backhaus and Weymann.' A_phosphor- 
bronze wire, properly damped to prevent the formation of 
standing waves, is substituted for one of the violin strings. 
Vibrations of the wire very near the violin bridge are 
produced by the interaction of a transverse magnetic 
field and an alternating current in the wire. The violin 
body responds at the frequency of the alternating current, 
variable from 30 to 20,000 cycles per second. The resulting 
sound is received by a microphone, whose output is 
amplified and automatically recorded by an audiograph 
on a logarithmic pressure versus frequency scale. This 
avoids the inconveniences of a previous method using 
harmonic analyses of steady tones produced by hand 
bowing. The similarity of frequency-response curves for 
old and new violins raises doubts as to the significance of 
the steady-tone results, and leads to a study of transient 
effects. The earlier attempts to study transients involved 
hand bowing, and failed because of the complexity of the 
tone. Pure-tone excitation, used to obtain growths and 
decays, allows the determination and comparison of the 
damping constants of the violins. The transient measure- 
ments are made using a cathode-ray tube and high speed 
camera. 


1H. Backhaus and G. Weymann, ‘‘Reviews of contemporary papers,” 
J. Acous. Soc. Am. 11, 490 (1940). 


9. Physical Properties of Wood for Violin Construction. 
R. B. Appott AND G. H. PurRcELL, Physics Department, 
Purdue University. (15 min.)—Assuming that the best 
form of the characteristic response curve for a violin is one 
with the peaks and valleys flattened out to a minimum, 
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and with the response at low frequencies augmented, it 
follows that one should know the properties of the ma- 
terials which make up a violin in order to design one with 
any degree of accuracy. The following is a progress report 
of such an investigation. Specimens of wood in the form of 
rectangular bars 24’’X 3X 3” were tested for their 
density, elasticity and internal resistance to motion. A 
method for separating the internal damping resistance 
from the air resistance was developed. Some of the effects 
produced on the properties of wood by coating them with 
oils, varnishes, paints, etc., were observed. 


10. On the Problem of Stringing Scales for Very Small 
Pianoforte. WILLIAM BRAID WHITE, The School of Piano- 
forte Technology. (30 min.)—In designing what is called the 
scale or string plan of a piano, four factors have to be 
considered: frequency, length, unit weight and tension. 
All these are interlocked with each other, so any change in 
one involves corresponding changes in one or all of the 
others. The element of frequency is of course fixed. In 
the case of the very small piano, the length, in the low 
frequency part of the scale at least, is so circumscribed 
that very little manipulation is possible. Hence any effort 
to adjust the four elements so as to produce good tonal 
effects becomes mainly the question of how far unit weight 
and tension can be readjusted to fit the requirements of 
the case. The paper presents the author’s conclusions on the 
problem. 


11. An Analysis of Tone Production Factors in Flute 
Playing. ARNOLD SMALL AND WILLIAM WALDROP, State 
University of Iowa. (20 min.)—This study represents an 
attempt to (1) analyze those factors in tone production 
which the flute affords and those which the player con- 
trols, and to (2) quantify their effect upon the intensity and 
pitch of the flute tone. The control of tone production was 
accomplished by the alternate use of two blowing mecha- 
nisms, one constructed in the Iowa Laboratory and the 
other loaned by Dr. Robert Young of the Conn Ltd. 
Laboratory. The factors found to effect tone in either or 
both of the respects studied were distance of lip opening 
to edge of blow hole, air pressure, size of lip opening, and 
angle of the air stream with edge of blow hole. Measure- 
ments of the effects will be presented. These results indi- 
cated that the most basic acoustical factor involved in 
flute tone production was the velocity of the air stream at 
the blow hole edge (and also probably the percentage of the 
stream entering the tube), the above mentioned factors 
simply being means of varying this velocity. The control 
of the air particle velocity by these means was therefore 
studied by the use of a facing or impact tube as employed 
in the Pitot tube, the results of which will also be reported. 


12. Trends in Acceptable Tone-Quality as Evidenced 
in Modern Musical Instruments. ABE Pepinsky, Depart- 
ment of Music, University of Minnesota. (20 min.)—Taste 
in tone-quality, like style in dress and foods, is subject to 
fad and fancy. Past epochs evidence the influence of 
unique instrumental tone-color on vocal timbre. Instru- 


ments, in turn, were designed to imitate desirable voca] 
quality and that of other musical instruments. The last 
decade has revealed a number of electronic machines 
simulating other instruments, and generally using the Pipe- 
organ as a prototype. Most organists resent such innova- 
tions because the “stops” representing various instry- 
mental effects do not sound like those of their pipe-organ, 
Traditional organ-stops, however, offer themselves only a 
first approximation of the instruments they represent. 
Musicians and laymen have in general been greatly 
intrigued by the possibilities of these new music-makers. 
Psycho-physical data also indicate that these machines 
produce a nice approximation of steady-state tones. The 
trained ear, however, demands at least two refinements 
(thus far elusive) for a satisfactory reproduction of the 
characteristic effects of conventional instruments: (1) 
Differentiation of various instrumental registers, and (2) 
varied attack, typifying bowed, plucked or embouchure- 
controlled instruments. The infinite array of tonal effects 
produced by such modern musical instruments has further 
stimulated the composer’s creative urge, although a 
predilection for well-defined regions of overtone structure 
is indicated. 


13. Masking Effects in Practical Instrumentation and 
Orchestration. ABE PEpPINsKy, Department of Music, 
University of Minnesota. (20 min.)—The relationship of 
one instrument to another within an ensemble and the 
quality of the composite tone produced have been empiri- 
cally explored by the great composers of the past. Trial 
and error have played an important role here, however, 
and the reasons for the existence of intra- and inter- 
instrumental relationships within an ensemble which 
influence the tonal sensation have never been investigated. 
The effects of masking in the tone quality of one instrument 
in the presence of others are herein considered. The strong 
partials of one instrument influence other partials in the 
composite tone of that instrument as well as the partials 
comprising the combined tones of the other instruments. 
For illustration, an ensemble consisting of a cornet, French 
horn, trombone, baritone and Eb tuba were selected to 
present a simple chord in varying settings and degrees of 
dynamics. The hypothesis is that masking in ensemble- 
playing consists of an accumulation of the masking effects 
produced by the components of the complex tones. The 
phono-photographic measurements obtained by Seashore 
and his associates were used to plot the strength and 
distribution of the partials within the tones produced by 
the various instruments. Total average pressures exerted 
by these instruments were adapted from the data given 
by Sivian, Dunn and White. The average reference 
intensity level of 40 db was used to signify a medium or 
mezzoforte tone level, and a sensation level of 20 db and 
60 db were chosen for piano and forte tone levels, respec- 
tively, with resultant variation in the partial strength of 
each instrument in the spectral analysis. These results 
indicate that chords do not sound as they are written, and 
substantiate our hypothesis in that conductors alter the 
intensity which the composer has assigned to various 
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‘nstruments in combination to produce desirable effects. 14. The Acoustical Bases of Music Theory and Com- 
position. LLoyp Loar, Northwestern University. (20 min.)— 
This paper describes a scientific approach to chord and 
tone relationships that may explain their artistic use as 
media for esthetic expression. 


In many instances the notes of the chord must be reassigned 
to different instruments in order to secure good balance. 
Definite principles for the guidance of instrumental 
composition can thus be set up. 





FRIDAY EVENING, NOVEMBER 15, AT 6:30 O’CLOCK 


Main Ball Room 


Dinner 





FRIDAY EVENING, NOVEMBER 15, AT 8:15 O’CLOCK 


15. Three Electrical Musical Instruments. A Demonstration Lecture by LAURENS HAMMOND. 
Mr. Hammond described the technical features of the Novacord and Solovox and recent develop- 
ments in the Electrical Organ. The three instruments were played as a trio using music especially 


arranged for the demonstration. 





SATURDAY MORNING, NOVEMBER 16, AT 9:30 O’CLOCK 


Tropical Room 


16. Generalized Plane Wave Horn Theory. V. SALMON, 
Jensen Radio Manufacturing Co. (20 min.)—Horns are 
primarily used with moving coil loudspeaker units to 
obtain sound radiators possessing satisfactory electro- 
acoustic energy transfer characteristics. The contribution 
of the horn to the over-all efficiency, as expressed by the 
acoustic driving point admittance, will be obtained by a 
generalized dimensionless treatment of Webster’s equa- 
tions. Numerical solution of the differential equation for 
the pressure may be effected by the Hartree method 
widely used in problems involving atomic wave functions, 
enabling an estimate of the behavior of any horn of reason- 
able flare. Some new types of horns suggested by certain 
solutions of the differential equation will be compared to 
the well-known exponential horn. 


17. Uniphase Uni-Directional Microphones. BENJAMIN 
B. BAvER, Shure Brothers. (20 min.)—The uni-directional 
microphone is treated as a generalized transducer and 
network which are subjected to sound waves at two points 
in space. Network relationships are derived to produce 
uni-directional operation. These relationships are ful- 
filled in the “uniphase’”’ structure which has a single 
transducer and a phase-shifting network instead of the 
two transducers normally used in uni-directional micro- 
phones. Acoustical phase-shifting networks applied to a 
diaphragm-type piezoelectric microphone and to a moving 
coil dynamic microphone producing a cardioid-type polar 
pattern are described. 


18. The Acoustic Wattmeter, an Instrument for Measur- 
ing Sound Energy Flow. C. W. CLApp AND F. A. FireE- 
STONE, University of Michigan. (20 min.)—An instrument 
called an “acoustic wattmeter” has been constructed to 
measure sound energy flow. It consists of a crystal pressure 
microphone and miniature ribbon velocity microphone 
mounted close together and connected through separate 
amplifiers and phase equalizing networks to a thermo- 
couple-type audiofrequency wattmeter. Provision is made 
to measure sound pressure and velocity separately as well 
as the energy flow represented by their product. The 
normal acoustic impedance and absorption coefficient 
of a surface may be computed from measurements of sound 
energy flow into the surface and energy density near the 
surface. Measurements were made on two representative 
absorbing materials at normal incidence with the material 
mounted at the end of a tube, and at random incidence 
with the material on the floor of a large sound chamber. 
Referring all results to random incidence, the values of the 
absorption coefficients obtained by the two methods agree 
well with each other and are in fair agreement with results 
obtained by the reverberation room method. 


19. The System Concept in Electroacoustical Systems. 
HucH S. KNow.es, Jensen Radio Manufacturing Co. 
(25 min.)—The analysis of the behavior of an electro- 
acoustic device is often much simplified by assuming 
idealized boundary conditions. The more rigorous con- 
sideration of the device as part of a generalized dynamica 
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system however, frequently materially changes the em- 
phasis on various design factors and may even show that 
the simplifications vitiate the analysis. The special case 
of an electro-acousto-electrical transducer in which the 
principle of reciprocity applies and in which the acoustical 
link is a bounded rectangular continuum is discussed. 
Extension of the nomenclature and methods of analysis of 
the passive electrical quadripole to this case is suggested. 
The simplification in instrumentation which results from 
the use of the electro-acousto-electrical quadripole is 
emphasized. 


20. Phonograph Reproducer Design. F. V. Hunt AND 
J. A. Prerce, Harvard University. (20 min.)—After a brief 
review of the design objectives for a lateral-cut reproducer 
a suitable structural form for a dynamic unit will be de- 
scribed. A unitary metallic ribbon serves both as the 
mechanical support for the stylus mounting and as the 
electrical generating element. By proper conformation a 
suitable relation can be maintained between the lateral, 
vertical, and longitudinal compliances observed at the 
stylus. No viscous damping material is required when the 
pivoting axis determined by elasticity coincides with that 
due to inertia. Application of a principle of similitude al- 
lows the scale of the structure to be changed without alter- 
ing significantly the sensitivity, thereby providing for any 
desired compromise between small bearing weight and ease 
of construction. Laboratory models of the reproducer 


exhibit uniform frequency response and an effective vibra. 
tory mass, referred to the stylus, of less than 1 milligram, 


21. Tone Guard. Harry F. OL_son, RCA Manufacturing 
Company, Inc. (20 min.)—An acoustic network has been 
developed for attenuating the sound, generated and radi- 
ated directly into the air by the vibrating parts of the 
phonograph pick-up, which passes through the aperture 
between the door and the cabinet. The series elements are 
formed by the slit between the door and the cabinet. The 
shunt elements are formed by a wood strip fastened to the 
inside of the cabinet. The attenuation band extends from 
1000 to 10,000 cycles. The attenuation is of the order of 15 
decibels over that with the conventional door and cabinet, 
The network has been applied to both horizontal and 
vertical doors. 


22. Some Acoustical Phenomena in the Antarctic, 
Tuomas C. PouLTER, Armour Research Foundation. (20 
min.)—In preparation for the geophysical measurements in 
the Antarctic during the Second Byrd Antarctic Expedi- 
tion a rather extensive study was made of the sound 
transmission and absorption properties of the compacted 
snow and ice. Many strange and unexpected phenomena 
were observed such as snow tremors that were audible for 
as long as twenty minutes, multiple reflections between 
reflecting strata, reflections from clouds, and the location 
of hidden crevasses. 





SATURDAY AFTERNOON, NOVEMBER 16, AT 2:00 O’CLOCK 


Tropical Room 


23. Application of Acoustical Analysis to Linguistic 
Problems. J. M. Cowan, State University of Iowa. (20 
min.)—An oscillographic record of a speech utterance can 
only be interpreted in the light of linguistic knowledge. 
The segregation of temporal portions of such a record into 
speech sounds is based upon phonetic observation. By 
careful auditory analysis the phonetician decides on the 
number of meaningful sound patterns which recur in 
essentially the same auditory form in a given language. 
These are called speech sounds or phonemes. After an 
objective record of an utterance has been divided into 
individual speech sounds, the physical characteristics of 
the sounds can be described. Much of this work has been 
done, but not as much as is desirable. Descriptions of 
certain consonantal sounds, especially, are inadequate. 
However, one further step of analysis is necessary. The 
linguist typically divides any utterance into two kinds of 
“‘sound-feature,”’ distinctive and non-distinctive. The dis- 
tinctive features will be those structural features which 
give rise to the perception of the phonemes. All others, 
such as features of individual voice quality, are non- 
distinctive. We have some information on the structure 
of vowel phonemes, but practically none for consonantal 
phonemes. 


24. Bone Conduction Threshold Measurements: Effects 
of Occlusion and Masking Devices. N. A. WATSON AND 
R. S. GALes, University of California at Los Angeles. (26 
min.)—As shown by many investigators, occlusion of the 
external ear canals produces a lowering of the bone con- 
duction threshold for normal ears at low frequencies. The 
present investigation shows that complete occlusion is not 
necessary to produce some threshold shift but that complete 
occlusion is necessary to give a maximal shift at a given 
frequency—also that if occlusion is complete, variation of 
the mass of the occluding plug does not cause a correspond- 
ing variation of the shift, the shift remaining almost con- 
stant. Small enclosures, placed over the ears and pressed 
tightly against them or the adjacent portion of the skull, 
coupling a small closed volume of air to the air of each 
external ear canal, also produce a lowering of the bone 
conduction threshold; but large enclosures, lined with ab- 
sorptive material, do not. A similar, but smaller, shift 
arises for an enclosure over one ear. Earphones with rubber 
ear cushions to prevent air radiation have been used by 
some investigators to introduce thermal masking noise into 
one ear by air conduction while testing the acuity of the 
other ear by bone conduction. Such a masking device 
produces the type of bone conduction threshold shift 
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mentioned above if used on a normal ear or on one with 
small loss, and frequently causes a spurious bone conduction 
threshold for the ear being tested. A masking device has 
been developed which will introduce thermal masking noise 
into one ear by air conduction without causing a bone 
conduction threshold shift, thereby making possible ac- 
curate bone conduction threshold measurements on the 
opposite ear. 


25. Consideration of Audiometers and Hearing Aids. 
Howarp A. CARTER, Council on Physical Therapy, Ameri- 
can Medical Association. (15 min.)—The Council on Phys- 
ical Therapy of the American Medical Association, assisted 
by a group of consultants specializing in physics and in 
otology, has investigated and reported on audiometers 
and hearing aids. This paper deals briefly with the require- 
ments for acceptance of audiometers and hearing aids, and 
with the methods by which the Council accepts the 
instruments. 


26. Performance Characteristics of Hearing Aids. F. F. 
Romanow, Bell Telephone Laboratories. (15 min.) 


27. Noise—Tremor due to Traffic. R. K. BERNHARD, 
Pennsylvania State College. (30 min.)—This paper presents 
a study on noise and mechanical vibration abatement with 
respect to the field of structural engineering. Certain units 
of noise-tremor are defined, and some psychological and 
physiological concepts outlined (sensation thresholds and 
bearable limits for the human body). Fundamental prin- 
ciples of the measuring instruments are given. In reporting 
the investigations in buildings and in the field, particular 
attention is given to the influence of: speed of vehicles, 
super and substructure of roadbeds, operation and con- 


struction methods, and the damping capacities of soils. The 
combined effect of noise and mechanical vibrations is 
studied. 


28. Room Noise Spectra at Subscribers’ Telephone 
Locations. D. F. Horn, Bell Telephone Laboratories. (20 
min.)—Information on the sound levels of room noise at 
subscribers’ telephone locations has been presented before 
this Society by Mr. D. F. Seacord and was published in 
the July, 1940, issue of the Journal. The present paper 
contains information which permits the interpretation of 
the sound level data in terms of the distribution of sound 
as a function of frequency by presenting the results of 
physical measurements of sound spectra at telephone loca- 
tions in and around Philadelphia. An average spectrum, 
giving the absolute sound pressure as a function of fre- 
quency is presented for a given sound level of room noise. 
In addition data are given for the results of similar measure- 
ments made in two Bell System office buildings in New 
York and the results are compared with the Philadelphia 
data. 


29. Ball Bearing Noise and Vibration. W. T. BuHL, 
SKF Industries, Inc. (20 min.)—Bearing noise was in- 
vestigated in the case of a fractional horsepower motor 
using microphone, analyzer and noise meter. The resulting 
noise spectrum showed prominent notes which could all 
be attributed to the motor. The bearing noise was found 
to be essentially unpitched. A different type of analysis was 
used which made possible a correlation of the noise with 
the bearing vibration. The problem revolves itself into 
unpitched vibration transmitted through the machine and 
radiated as noise. The characteristics are determined 
mainly by the machine size and rigidity although the source 
of ball bearing noise is the vibration of the bearing and can 
be reduced by making the bearings smoother running or 
isolating the vibration. 





SUPPLEMENTARY PROGRAM 


30. The Analysis of Pulses by Means of the Harmonic 
Analyzer. ROBERT S. SHANKLAND, Case School of Applied 
Science.—The analyses of a variety of periodic phenomena 
in acoustics, optics and electricity require the evaluation of 
the Henrici integral for the values of the coefficients of 
the Fourier series. An equally important group of non- 
periodic phenomena, including the transmission of acoustic 
pulses in air and solid materials, the passage of pulses 
through amplifiers, etc., requires the evaluation of the 
Fourier integral to give the complete spectrum of the 
vibrations making up the pulse. The analyses of such 
problems are especially important in studies of the starting 
and stopping of sounds. The solution of these problems can 
be carried through directly and with ease by drawing the 
pulse to several scales of abscissae and analyzing the graphs 
with the Henrici analyzer which is capable of giving thirty 
components.! The detail in the resulting analysis depends 


simply on the number of curves drawn to different scales 
which are traced. The method is also of general use in other 
problems where the Fourier integral appears, including the 
analysis of radiation pulses and x-ray and electron dif- 
fraction patterns. 


1D. C. Miller, J. Franklin Inst. 182, 285-322 (1916). 


31. Relation Between Acoustic Impedance and Flow 
Resistance of Porous Acoustic Materials. P. M. Morse, 
R. H. Bort,** AND R. L. Brown, Massachusetts Institute 
of Technology. (20 min.)—A theory is developed for the 
penetration of sound waves into uniformly porous acoustic 
material. An expression is obtained giving the acoustic 
impedance at the front surface in terms of the porosity 
of the material, its flow resistance, and the effective density 
of air in the pores, taking into account reflection from the 
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back surface. Curves will be shown of acoustic resistance 
and reactance as functions of frequency for different 
values of flow resistance, for uniformly porous material 
with rigid backing. Comparison of these curves with the 
experimental data of Beranek! shows that for a number of 
commercial materials the effective values of flow resistance, 
porosity, and air density are constant over the frequency 
range 100 to 6000 c.p.s. It is indicated how other types of 
backing change the curves, and how computations can be 
made for non-uniform material. The static flow resistance 
or ‘‘d.c. resistance’ of porous materials can be measured 
directly.2 A method is developed using a very slow steady 
stream of air flow through the material and determining 
the pressure drop across the material. The air flow is 
furnished by siphoning water at a known rate from a 
container mounted several feet above a control valve and 
outlet; air drawn into the container first passes through 
the porous material. The air velocities and pressures used 
are of the same order of magnitude as those obtaining in 
actual sound fields. Flow resistance values for several 
commercial materials are reported and correlated with the 
effective values indicated by impedance measurements. 
** Now at the University of Illinois. 
1L. L. Beranek, J. Acous. Soc. Am. 12, 14 (1940). 


2M. Rettinger, J. Acous. Soc. Am. 6, 188 (1935); also refers to meas- 
urements by A. Gemant and others. 
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32. Experiments in the Analysis of a Mechanically 
Produced Cornet Tone. DANIEL W. MARTIN, University 
of Illinois. (Introduced by F. R. Waison.) (15 min, )— 
Harmonic analyses of the tone of a cornet played me. 


chanically! are made in a location (on a framework extend- 
ing over the edge of a roof) which is a good approximation 
to a free field. The nearest surface which can reflect sound 
from the source to the receiver is 40 feet away. Measure- 
ments on the radial dependence of intensity from a smalk 
source indicate that reflected sound is negligible. The 
microphone can be moved continuously in both azimuth 
and radius in order to study the directional characteristics 
of the horn. Preliminary measurements show that for high 
pitches, the total intensity changes very little until the 
azimuth is nearly 60°, when a sharp decrease occurs, 
Consideration of the geometry of the bell of the instrument 
would predict this effect. Furthermore, it is apparent that 
the spectrum changes appreciably as the angle with the 
axis of the horn increases, due presumably to the greater 
directional effect in the higher harmonics. Comparison of 
the analysis of the mechanically produced tone with the 
tone produced at the same pitch by a cornetist, shows 
reasonable agreement. 


1 “A Mechanical Playing Device for Brass Wind Instruments,”’ No. 31, 
Program of the Twenty-Third Meeting, Acoustical Society of America. 
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